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Preface 



The Internet has been bringing about changes in many respects, from culture to technol- 
ogy; mobile cellular communication systems are no exception. “All-IP” is the term that 
has been used in this big revolution in wireless communication systems. All-IP requires 
the solution of many real and research problems relating to handset terminals, access 
networks, and wireless backbone systems. 

How will the handset terminals evolve? How will the various wireless access net- 
works such as Ad-Hoc, WLL, and WLAN affect the existing mobile cellular systems, 
especially those based on CDMA technology. How will the backbone network archi- 
tecture change? To reflect on these questions, the 7th CIC had as its theme “CDMA 
Convergence Toward Next Generation Wireless.” Fortunately, many researchers, oper- 
ators, and manufactures have contributed answers to these questions. 

For the Technical Program Committee, it was not easy to select papers for the Lecture 
Notes in Computer Science from among the 140 good papers accepted for the conference. 
On behalf of the TPC, we would like to express our sincere appreciation and thanks to the 
authors for their contributions to preparing and revising the papers, and we also thank the 
TPC members and the reviewers who helped put together an excellent technical program 
for the conference. 
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Signal Power and Interference of a Spectrally Overlaid 
Macro/Micro Cellular CDMA System Supporting 
Multimedia Traffic 



Chang Soon Kang, Hyun Seo Oh, and Sun Bae Lim 

Mobile Telecommunications Research Laboratory 
Electronics and Telecommunications Research Institute (ETRI) 
Yusong P.O. Box 106, Taejon, 305-350 Korea 
cskangSetri . re . kr 



Abstract. The reverse link signal power and interference of a spectrally over- 
laid macro/micro cellular CDMA system supporting multimedia traffic is char- 
acterized in a typical propagation environment. Several narrowband subsystems 
are overlaid on a wideband subsystem in macrocells, while a single wideband 
subsystem is operated in a microcell with the same spectrum as the macrocell 
wideband subsystem. The required signal power and interference are analyzed 
in terms of the relative user signal power and the cross-tier interference factors 
between the macrocell and the microcell. Analytical results show that the domi- 
nant parameters affecting the system performance are the spectral overlay ratio 
and the distance between the microcell and macrocell base stations. These re- 
sults can be applied to CDMA multimedia network planning in heavily popu- 
lated traffic areas. 



1 Introduction 

Flexible utilization of radio spectra is an important issue since an increasing demand 
of future wireless multimedia services will require capacity enhancement of wireless 
communication systems. 

Spectrally overlaid CDMA systems have been the focus of recent research efforts 
in order to enhance the flexibility of spectrum utilization. The multiband CDMA 
systems and macrocell and microcell overlaid CDMA systems were studied in terms 
of the link capacity of the system [1, 2]. The capacity and user signal power of spec- 
trally overlaid single-code and multi-code CDMA systems was studied [3]. However, 
these previous studies considered only a single band macrocell/microcell system sup- 
porting only a single type of traffic. 

In this paper, we are concerned with the required signal power and interference of 
a spectrally overlaid macrocell and microcell CDMA system supporting multimedia 
traffic. This overlay system can enhance the flexibility of the spectrum utilization and 
can accommodate rapidly growing traffic demands, including heavily populated areas 
called hot spots and shadowed regions. 

The rest of this paper is organized as follows: In Section 2 a CDMA overlay sys- 
tem with a propagation model is described. Section 3 analyzes the required signal 
power and interference of the reverse link in terms of the relative user signal power 



J. Lee and C.-H. Kang (Eds.): CIC 2002, LNCS 2524, pp. 1-11, 2003. 
© Springer- Verlag Berlin Heidelberg 2003 




2 Chang Soon Kang, Hyun Seo Oh, and Sun Bae Lim 



and the cross-tier interference factors between a microcell and macrocells. Finally, 
Section 4 concludes this study. 



2 System Model 

The CDMA overlay system considered consists of multiple macrocells and one mi- 
crocell located at a reference macrocell. In the macrocells several narrowband sub- 
systems, where all narrowband subsystems are mutually exclusive, are spectrally 
overlaid on a wideband subsystem. Thus, no inter-narrowband interference exits. On 
the other hand, the microcell has a single wideband subsystem with the same spec- 
trum as the wideband subsystem allocated to the macrocells. 

The spreading bandwidth ratio of wideband subsystem to narrowband subsystem is 
defined as W„/W^=e . We consider the spectral overlay ratio of the narrowband to 
wideband subsystems, g , defined as g = f I S where /is the number of narrowband 
CDMA allocations overlaid with a wideband CDMA spectrum. 

The system model and the associated assumptions used in this paper are summa- 
rized as follows: 

1) The macrocell is assumed to be hexagonal with radius Rc^j and the single micro- 
cell is assumed to be circular with radius Rc^ . 

2) The microcell base station (BS) is located at a distance D from a reference macro- 
cell BS. 

3) Users are uniformly distributed in the microcell and macrocells. 

4) All BSs of the subsystems are located at the center of each cell. The subsystems 
with different spreading bandwidths in macrocells are managed by the same BS. 



3 Signal Power and Interference 

The reverse link is characterized in terms of the required user signal power and inter- 
ference in the CDMA overlay system supporting multiple types of traffic. The user 
signal power received from the reverse link is proportional to the user transmission 
power and is also required to maintain an acceptable link quality. Furthermore, mac- 
rocell and microcell users utilize different spreading bandwidths. Thus, they require 
different received signal power. 

In a perfect power controlled CDMA system the bit energy-to-interference density 
ratio received at a base station is maintained at a constant value. In the 

CDMA overlay system supporting Z types of traffic, the received ! J^t)qc *^^e 

q-th traffic type can be expressed as ’ where 

(<7 = 1 , 2 ,..., Z) is the information bit rate, is the received signal power, P^. ^ is 

the total power received at a base station of the overlaid subsystems, and the subscript 
c denotes the overlaid subsystems defined as 
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C 



C[ =fw, M y, wideband macrocell 
■ C2 = (n, My narrowband macrocell . 
C3 = (n, ju); wideband microcell 



Referring to [6], the relative signal power ^ of the q-th traffic type and the first 
traffic type in the overlay system can be represented as 



Pq,c 




rq,c(Gi,c+7i,c) 
7lAGq,c +7q,c) ’ 



(1) 



where ! R^) is the processing gain of the q-th traffic type, and ^ is the 

Efj / N, required for maintaining a given acceptable link quality in the overlay sys- 
tem. The relative signal power ^ is a constant for the q-th type of traffic. 

To simplify our analysis, we here assume that: i) the wideband macrocells support 
voice and data traffic, ii) the narrowband macrocells accommodate only voice traffic, 
and iii) the microcell supports data traffic, respectively. Then, we can specify the 
condition to guarantee the quality of voice users by substituting the data user signal 
power . Hereafter, the superscripts (or subscripts), M, jit, n, w, v, and 

d will be used to denote the macrocell, the microcell, the narrowband, and the wide- 
band, voice and data, respectively. 



3.1 Relative User Signal Power 

Macrocell and microcell users utilize different spreading bandwidths, and thus, they 
require different signal power level to maintain their acceptable link qualities in the 
overlay system. To investigate the effect of the spreading bandwidth, the spectral 
overlay ratio, and log-normal shadow fading on the received user signal power, we 
examine the relative signal power required for the narrowband macrocell, wideband 
macrocell, and wideband microcell users, respectively. 

Consider K users transmit in the microcell and macrocells. Then, the relative signal 
power of narrowband macrocell and wideband microcell users ^2 / A d t)e 

obtained as 



_ /XI _ 
-- 



1 — 



K, 



d,c3 

1^3 



^7dd 


Wc2ci^,c2 

’ 1 


Vdc2^c\ 




7v,c2 
V A 


(y+¥c2)Kl 


{l+y/AKfi 


r J 



( 2 ) 



where K^i=K, ^i+{aa I , Ad, ci and = Wdc2^ which will be discussed in 

Section 3 . 2 . = j{7v. is the maximum number of voice users 

supportable in the wideband macrocell lacking narrowband macrocell and wideband 
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microcell users. + the maximum number of users that 

can be accommodated in the narrowband macrocell with no wideband macrocell and 
microcell users, and is the maximum number of users in the 

wideband microcell with no wideband and narrowband macrocell users. In (2) Xj/^^ 
and \j /^2 macrocell- to-macrocell interference factors [4], and Xj/^ 2 c'i 

the wideband macrocell-to-microcell interference factor and the narrowband macro- 
cell-to-microcell interference factor, respectively. These two interference factors are 
the normalized interference at the microcell caused by the wideband and narrowband 
macrocells, respectively. 

In a similar way, the relative signal power of wideband macrocell and narrowband 
macrocell users j ^2 obtained as follows: 



' V,c\ ncl ^ V,c\ 



-^Pc2 = 



1 + 






Tv,c2 



K. 



(3) 



v,0 



Multiplying (2) by Eq. (3) yields the relative signal power of wideband macrocell and 
microcell users 
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(4) 



We can observe that the relative user signal power in the overlay system depends on 
such system parameters as the spreading bandwidth, the spectral overlay ratio, the 
cross-tier interference factors, and so on. However, the cross-tier interference does not 
affect the relative signal power in (4) because the cross-tier interference factor 
y/c 2 c\ is same as ■ in particular, the relative user signal power is an appro- 
priate power ratio in the overlay system for minimization of interference and maximi- 
zation of system capacity. 



3.2 Reverse Link Interference Analysis 

The total interference received at the respective macrocell and microcell BSs consists 
of the same-tier interference and the cross-tier interference. The same-tier interference 
in macrocells is characterized by the two interference factors, Xj/^^ and Xj /^2 ■ Herein, 
we characterize the cross-tier interference as both the microcell-to-macrocell interfer- 
ence factors, Xj/^2c\ Wc3c2 > the macrocell-to-microcell interference factors. 

Weld and xy,2c3- 
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1 ) Microcell-to-Macrocell Interference 

We consider a radio propagation channel with a fourth path-loss exponent and a log- 
normal random variable X with a standard deviation of a . The interference received 

at the reference macrocell depends on the mobile user location in the microcell and 
the shadowing conditions. Accordingly, the total average interference to the narrow- 
band macrocell Z?S„ caused by the microcell users, Iffff , can be obtained by averag- 
ing /^ 3 c 2 possible points r^ in the microcell. 



T cross 
^c3cl 



= -E['a.2l 






7iRc„ 



'MO 






'MO 
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, where ^ Gaussian random 



0, otherwise 



able having zero mean and a standard deviation of V2c7 , as and X^ are two 

independent fading variables. This relation accounts for the mobile users communi- 
cating with the microcell BS that offers the least signal attenuation under the path-loss 
and shadowing conditions. Hence, the interference factor of microcell-to-narrowband 

macrocell obtained by normalizing c 3 c 3 • 



Wcic2 = 



Ak 1 

Jo X nRcl 



V 



'MO 
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r^dr^dtj) . 
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(6) 



In a similar way, the interference factor of microcell-to-wideband macrocell 
can be found to be = Wdci > which is obtained by normalizing the average inter- 
ference received at the reference wideband macrocell BS^ caused by the microcell 
users to K^^^ 2 ,Pd,c 2 ■ 



2 ) Macrocell-to-Microcell Interference 

The cross-tier interference experienced at the microcell is originated from a reference 
macrocell as well as neighboring macrocells. We consider the first- tier (6 macrocells) 
and the second-tier (12 macrocells) interference, as shown in Fig. 1. The interference 
experienced at the microcell BS caused by the reference macrocell and the other 

neighboring macrocell users is expressed as 



(^c2c3 ) i - 



{ V 

‘ ^Mj ' 



K ■ 

y Ml y 



10 » 



( 7 ) 



where j = 0, 1, ..., 7-7. 
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Fig. 1. The interference received at a microcell BS from neighboring macrocells. 



Approximating the hexagonal macrocells by a circular cell of radius Rc^ , the total 
average interference experienced at the microcell BSthat is caused by the narrowband 
macrocell users. Hence, the interference factor of narrowband macrocell-to-microcell 
¥c 2 ci be obtained. 



Wc2c3 - 



'c2c3 



^ \\c2^v,c2 
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where r^j = 



i 



2 , 2 
Xj + r^j 



— 2xj rj^jj cos CO 



for 0 < y < 1 8 



D 



^(SRcJ+D^-2SRc^Dco^j 
■ ^(2SRc^f+D^-4SRc^DcosR^ 
pRc^f+D^-6RcMDcos0j 



for 7 = 0 

for 7 = 1, 2,3,4, 5,6 
for 7 = 7,9,11,13,15,17 
for7 = 8,10,12,14,16,18 
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for; =8 


'¥i 


for j = 1, 2, 7, 9 
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72 


for ; = 10,18 
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for y = 3,6,ll,17 


- 1/ 
/2 


for j = 12, 16 




for; = 4, 5, 13, 15 


-1 


for j = 14 



Similarly, the interference factor of wideband macrocell-to-microcell, , can be 
obtained by normalizing the average microcell interference caused by the wideband 
macrocell users to , and thus, the interference factors equals gy/c 2 d- 



Table 1. List of System Parameters. 



Spreading bandwidth 
of subsystems 


narrowband 


19.20 MHz 


wideband W^^, 


4.80 MHz 


Information bit rate, R 


voice, R^, 


8 kbps 


data, R; 


64 kbps 


Required ! N, , y 


voice, 


IdB 


data, = Yd,c3 


?,dB 


Activity factor, a 


voice, OC^ 


0.5 


data, CCj 


0.5 


Spectral overlay ratio, q 


0.25,0.5, 1.0 


Same-tier interference factors 


0.55 


Relative cell radius, / Rc^ 


0.1, 0.2, 0.3 


A standard deviation of shadowing loss, o 


OdBJdBMB 



C. Numerical Results and Discussions 

Table 1 shows the system parameters for the evaluation of the relative user signal 
power and interference. The microcell radius is normalized to the macrocell radius, 
which is given by /?c^ = 1 . The parameters and K^'q are set at 619, 154 

and 95, respectively. The relative signal power of data and voice users in the 

wideband macrocell is obtained as 9.8. Thus, the data users require times more 

power than do voice users in wideband macrocells and the number of voice users 
effectively corresponds to 9.8 times in terms of the number of users. 

The interference experienced at the reference macrocell caused by a microcell de- 
creases as the distance between the macrocell BS and microcell BS increases (Fig. 2). 
In particular, the interference is significantly reduced when the distance D is greater 
than 0.5/?c^ . The microcell size also affects the cross-tier interference such that, as 
the difference of the cell radius between microcell and macrocell increases, the inter- 
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ference factor is reduced. However, the interference factor increases as the 

effect of shadowing in both the microcell and macrocell increases. When the relative 
cell radius R^/j/Rcm small, the increase of shadowing does not highly affect the 

interference factor y/cj,ci ■ 




Distance between the reference macrocell BS and the microcell BS, D 

Fig. 2. The interference factor of microcell-to-narrowband macrocell according to D, 

(7 and R(^^ / Rcm ^RcM ~ • 

Fig. 3 shows the interference factor of narrowband macrocell-to-microcell. The 
interference received at the microcell BS caused by the narrowband macrocells 
slightly increases as the shadowing effect in the microcell and macrocells increases. 
The effect of shadowing loss on the cross-tier interference factor is smaller 

when compared to the same effect on the cross-tier interference factor ■ Unlike 
the value of distance D affecting the interference factor interference re- 

ceived at the microcell also increases as the distance between the microcell BS and 
macrocell BS increases. With a greater distance from the reference macrocell BS, the 
effect of more interference from the neighboring macrocells for the microcell BS is 
greater than the effect of decreased interference from the other remote macrocells. 

A dominant parameter affecting the two interference factors is the distance be- 
tween the reference macrocell BS and the microcell BS. From Figs. 2 and 3, for a 
relative cell radius Rc^ / Rcj^ = 0.3 and a standard deviation of shadowing loss 

(T = SdB , the optimum distance D is approximately 0.5, which minimizes both of the 
interference factors in the CDMA overlay system. 
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Distance between the reference macrocell BS and the microcell BS, D 



Fig. 3. The interference factor of narrowband macrocell-to-microcell \ffc2cZ according to D 
and (7 . 




Distance between the reference macrocell and the microcell BS, D 



Fig. 4. The relative user signal power of narrowband macrocell and wideband microcell 
Pvc2^^dc3 the overlay system according to the distance D and the spectral overlay ratio 

{a=SdB, RcM=hK,c2=6l,K^^a=3S,K,,i =149 , 



Fig. 4 shows the relative signal power of narrowband macrocell and microcell us- 
ers Pyc 2 ^ Pd c 3 ^ With a small distance D, the narrowband macrocell users require more 

power. For example, Pvc 2 ^ Pd a when D = 0.4 and g = 0.25 . Flowever, when D 

is greater than 0.5/?c^ , microcell data users require more power than the narrowband 
macrocell users. 
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Distance between the reference macrocell BS and the microcell BS, D 



Fig. 5. The relative user signal power of wideband macrocell and wideband microcell 
cl ^ c3 overlay system versus the distance D and the spectral overlay ratio 

(a = SdB, RCfj/Rq^ =0.2, /?%=!, K„_c2 =61, K^,c3 =38, =149, =10). 



Fig. 5 illustrates the relative user signal power Pyc\IPdc 3 the overlay system. Mi- 
crocell data users require approximately the same power as wideband voice users in 
the macrocells when narrowband spectra are fully overlaid on the wideband spectrum, 
i.e., g = 1.0 , and the distance D is approximately 0.5. However, when the distance is 
greater than 0.6, the signal power required for microcell data users increases signifi- 
cantly. 

4 Conclusion 

The reverse link signal power and interference of a spectrally overlaid macro/micro 
cellular CDMA system supporting multimedia traffic were characterized as the rela- 
tive user signal power and the cross-tier interference factors between a wideband 
microcell and narrowband and wideband macrocells. 

The dominant parameters affecting the system performance are the spectral overlay 
ratio and the distance. The optimum distance for minimization of the cross-tier inter- 
ference factors is approximately a half of the macrocell radius. These results can be 
applied to radio resource management schemes in spectrally overlaid macro/micro 
cellular CDMA systems. 
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Abstract. The reverse link signal power required for multimedia traffic in 
multipath faded single-code (SC-) and multi-code CDMA (MC-CDMA) 
systems is investigated. The effect of orthogonality loss among multiple 
spreading code channels is herein characterized by the orthogonality factor. The 
required signal power in both the CDMA systems is then analyzed consiering 
varying system parameters including spreading bandwidth, the orthogonality 
factor, and the number of spreading codes. Analytical results show that the re- 
quired signal power in the CDMA systems significantly increases as the 
orthogonality factor and spreading bandwidth decrease. Eurthermore, MC- 
CDMA users require power levels approximately identical to SC-CDMA users 
when multimedia traffic utilizes a wide bandwidth. The results can be used in 
the design of radio resource management (e.g., power allocation) schemes for 
wireless multimedia systems. 



1 Introduction 

Code division multiple access (CDMA) techniques have many attractive features for 
application to second and third generation mobile communication systems. Two ap- 
proaches for application of CDMA have been studied. These are a single-code CDMA 
(SC-CDMA) scheme that transmits user information on a single code channel [1], and 
a multi-code CDMA (MC-CDMA) technique that transmits user information with a 
high bit rate through multiple parallel code channels [2]. The MC-CDMA system 
offers the advantages of uniform and high processing gains for multiple traffic types, 
and can provide efficient implementation based on inherent parallelism, reduced inter- 
symbol interference with a lower transmission rate, and flexible transmission of user 
information with a high data-rate based radio link availability [3]. 

Reverse link user signal power is an important factor for determination of system 
performance because it is directly proportional to the user transmission power that 
restricts the availability of a limited power source of portable terminals. The user 
signal power in both CDMA systems is identical in the ideal case where spreading 
code channels are orthogonal. However, in real environments, orthogonality is lost 
due to multipath propagation and different code channels in MC-CDMA systems 
interfere with each other [4], [5]. This mutual interference affects the user signal 
power of the systems. As a result, MC-CDMA users with only a single traffic type 
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require significantly more power than SC-CDMA users transmitting only a single 
traffic type [6] . 

Different signal power levels for different traffic types are required to guarantee 
acceptable link qualities (e.g., bit energy-to-interference density ratio). The required 
signal power in both CDMA systems is also different. In this paper, the characteristics 
of the signal power in multipath fading environments are investigated. 

The reverse link characteristics of CDMA systems in multipath fading 
environments are discussed in Section 2. The required signal power for multimedia 
traffic under various system parameters, including spreading bandwidth, the number 
of spreading codes, and the effect of orthogonality loss is evaluated in Section 3. 
Numerical results are discussed in Section 4, and conculsions are presented in 
Section 5. 



2 System Description 

2.1 Reverse Link Characteristics 

The required signal power dominantly depends on the mean transmission rate of user 
information, and thus, we are concerned with only the mean rate of the information in 
this study. Hereafter, for the simplification of the discussion, the terminology “rate” 
means “mean rate”. 

In the MC-CDMA system considered, user information with a bit rate of R is 
transmitted after spreading with m parallel orthogonal code channels [2]. Thus, 
R = mR ^ , where Ry is the basic rate. When spreading codes are used in the ideal 
cases where the orthogonality among the code channels is maintained, mutual inter- 
ference among the user’s code channels can be completely eliminated. However, 
mutual interference exists in real environments since orthogonality is lost due to mul- 
tipath fading [4]. If perfect power control is assumed, then the bit energy-to- 
interference density ratio j N ^ received at a base station is maintained at a con- 

stant value. If users with a bit rate of R are conversing in a multiple cell MC- 
CDMA system, then the for each code channel received at the base station 

can be expressed as 



P,!R, 

{N,W + E„+E}!W 

= , ( 1 ) 

{N,W + - 1) + (1 - + / J / W 

where m is the number of spreading codes assigned to a user, Pj is the received signal 
power for each code channel, is the thermal noise density, is the spreading band- 
width, is the inner cell interference, I ^ is the outer cell interference, and 5 is the 
orthogonality factor. 5 represents the extent of orthogonality loss, i.e., the normalized 
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mutual interference affecting the same multi-code user. For example, 
S = l corresponds to the perfect orthogonality such that a code channel does not inter- 
fere with the other channels assigned to the same multi-code user. When d = 0.4 , a 
mutual interference of 60 % remains for the same multi-code user. In addition, 
5 = 1/ m represents the complete non-orthogonality such that the orthogonality 
among m spreading code channels is completely lost, and thus, the fraction of 
affects mutual interference for the same multi-code user. However, d = 0 
indicates that a base station receiver can not detect any desired user signal in all the 
multi-code channels because the mutual interference for the same multi-code user is 
significantly increased. The orthogonality factor is characterized by simulation meth- 
odology to be discussed below. 

In an SC-CDMA system, user information is transmitted with a single spreading 
code channel. Single-code user signals are always asynchronous in the reverse link 
and, thus, the signals do not have orthogonality in multipath fading environments. If 
users with a bit rate of R are allocated in a multiple cell SC-CDMA system, the 
Ely / N, value required for a user is obtained by substituting m = l, S = 1/ m. 
Kmc ~ ^sc > = R 7 ^nd Pi = P into Eq. (1), where P is the received signal power 

for a user. The signal power in each system is proportional to user transmitting power, 
and is required to maintain an acceptable link quality. Hereafter, the subscripts sc and 
me will be used to denote the SC-CDMA and MC-CDMA systems, respectively. 



2.2 Orthogonality Loss in Multipath Fading Channels 

We characterize the degree of the orthogonality loss due to multipath fading (the 
orthogonality factor). In the reverse link of an MC-CDMA system, the user signal 
power received at a base station increases as the received interference increases. As a 
result, the / N^. value required for a multi-code user also increases to maintain a 

given link quality, measured as the bit error rate (BER). The required bit energy-to- 
interference density ratio in a nonfading channel, such as an additive white Gaussian 
noise (AWGN) channel, is lower than the required EfyjNj value in a multipath 

fading channel since the mutual interference due to orthogonality loss increases the 
received interference in the multipath fading channel. Therefore, the orthogonality 
factor of multi-code channels can be derived by comparing the effect of mutual inter- 
ference among the multiple code channels assigned to a user on the required j N ^ 

in both AWGN and multipath fading channels. Thus, the orthogonality factor can be 
defined as 



8 = 







( E \ 






Nt 

\ ‘ / 



-1 



( 2 ) 



where / N „ and / N, are the bit-energy-to-interference density ratios in 

AWGN and multipath fading channels, respectively. 
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A 




Fig. 1. Block diagram of simulation model in a single cell MC-CDMA system. 

Fig. 1 shows the simulation model for derivation of the orthogonality factor in a 
single cell MC-CDMA system. First, user information is modulated with QPSK, 
spread with orthogonal Walsh codes, and randomized with a pseudo-random long 
sequence. We investigate the orthogonality factor using simulation for an AWGN 
channel and multipath fading channels with two different delay power profiles. The 
simulations are performed for the system with only a single multi-code user. Thus, 
there is no other-user interference. Only mutual interference exists among multiple 
code channels (inter-code channel interference). The degree of the orthogonality loss 
depends on multipath delay power profiles of the propagation channel. Uniform and 
exponential distributions of the delay power profiles are considered. The uniform 
profile has resolved paths with an equal average power. The exponential profile is 

a more realistic profile model where the average power decays exponentially as the 
path delay increases. The average of the squared path gains £■[! ] of the /-th path 

is given by [4] 

o \\l L„ for 0</<T„— 1, uniform distribution 
| ]= " P ’ i (3) 

[[l-exp(-f)]exp(-f /) for 0</, exponential distribution 



where 8 is the decay factor. In the exponential power profile, hereinafter, (Lp)^Q% 

will be used to represent the number of paths whose total power equals 90 % of the 
total average power. 

In the simulations, the parameters m = 6, Ri = 64Kbps , L^ = 4, e = 2.3/(Tp)90% , 
and a 4-finger Rake receiver are used. We generate a set of complex Gaussian path 
gains ’s according to Eq. (3). This is repeated to obtain the average BER and the 
required IN, under AWGN and multipath fading channels (E^, / in AWGN 
channel), as shown in Eig 2. Eor a target BER of 10~^ , E/j/Ng-ldB, 
(Ejj / N, )„„,y ~9dB , and (£),/A,)gxp == \0.2dB are given for the AWGN channel and 
multipath fading channels with uniform and exponential delay power profiles, respec- 





16 Chang Soon Kang et al. 



lively. Hence, from Eq. (2) we can obtain the orthogonality factor under the simula- 
tion conditions as 0.63 and 0.47 for uniform and exponential distributions, respec- 
tively. This indicates that the mutual interference among spreading code channels 
under a uniformly distributed multipath delay power profile can be suppressed more 
than for an exponentially distributed multipath delay power profile. 




Fig. 2. Average BER versus the required for different multipath power profiles and 

the number of resolved paths (unif. uniform profile, expo: exponential profile, n: narrowband, 
and w: wideband): (narrowband case: processing gain = 60, = 64 Kbps, m = 6, = 4, the 

number of fingers = 4, wideband case: processing gain = 120, R, = 64 Kbps, m = 6, = 8, the 

number of fingers = 8). 

The number of resolved paths at the Rake receiver also affects the degree of or- 
thogonality loss among multi-code channels. As the number of resolved path in- 
creases, the multipath combining gain slightly increases (Fig. 2). For example, for a 
target BER of 10'^ the combining gains of approximately 0.4 dB and 0.2 dB are 
achieved for uniform and exponential profiles, respectively, by a two-fold increase in 
the number of resolved paths. Hence, the orthogonality factors are 0.69 and 0.5 for the 
uniform and exponential profiles, respectively. 

The degree of orthogonality loss varies with the given fading parameter values. As 
a special case, when user information with a very high bit rate (with a larger m) is 
transmitted on a severe multipath channel, the required / N, for multi-code users 

may be significantly increased due to an increase in mutual interference. As a result, a 
base station receiver can not detect any desired user signals from m multi-code chan- 
nels in terms of an acceptable signal quality. Therefore, we can specify the or- 
thogonality factor as the value {H m)< S <\ (For single-code systems with m = \, 
mutual interference is absent). 



Characterization of the Required Signal Power for Multimedia Traffic 17 



3 Required Signal Power for Multimedia Traffic 

Suppose that an MC-CDMA system supports M types of traffic with each information 
bit rate Rj ( 1 < j < M ) which is an integer multiple of a basic rate /?[ . In this system 

all signals of each traffic type are transmitted with the rate of Ri . Hence, when a 
higher rate information is transmitted, the information bit rate of 7 -th type of traffic is 
given by Rj = mR^ where m {\<m<M) is the number of spreading codes for 

transmitting 7 -th type of traffic. Then, the ^ received at each code channel 
of the 7 -th type of traffic can be expressed as [7] 

X Y ^ f/Gi 

«, J, l,IW 



where Pj is the signal power of each code for 7 -th type of traffic received at a base 
station, S is the orthogonality factor among multi-code channels, /, is the total re- 
ceived noise plus interference power, W is the spreading bandwidth, is the total 
received power including the desired signal power, and Gj is the processing gain of 
the first type of traffic with 1-rate. As shown in Eq. (4), when ^ = 1, the desired 
signal power subtracted from the denominator is given by mPj whereas in the case of 

S = 1/ m , the desired signal power subtracted from the denominator is Pj . From Eq. 



(4), P^ is represented as 



_ P.rj 

^ Gi + mSy j 



where / is the / N, required for maintaining a given acceptable link quality of 7 - 



th traffic type. Hence, the required signal power for a multi-code user with j-th traffic 
type is given by 



mP,y ; 

P, = — — • (6) 

^ G] + ni5y J 

To simplify our discussion, we herein assume that CDMA systems support two traffic 
types: voice and data. Then, from Eq. ( 6 ) the relative signal power ratio of data to 
voice traffic in the MC-CDMA system, (P^ ! Py) me obtained as 



lA _ m{G,+y,) yg 



(7) 




18 Chang Soon Kang et al. 



where G^, is the processing gain of voice traffic. Substituting m = l, S = 11 m , and 
G[ = Gj into Eq. (6), the relative signal power ratio of data to voice traffic in the SC- 
CDMA system is given by 

>1 ( 8 , 

^ Yd Yv 

where G^ is the processing gain of data traffic. From Eqs. (7) and (8), the ratio 
Tmc / expressed as 



^ me _ mjGj +Yd) _ Gy+ 
r,, + mSy^ + mSy^ 

From Eq. (9), we can see that is larger than except when mutual interference 
among multi-code channels is absent. 



4 Numerical Results 

The signal power required for multimedia traffic is investigated and compared for 
MC-CDMA and SC-CDMA systems in multipath fading environments. The signal 
power is evaluated under various system parameters including spreading bandwidth, 
the orthogonality factor, information bit rates, and the number of spreading codes 
assigned to a user. In order to evaluate the signal power in the two CDMA systems, 
the system parameters as shown in Table 1 are considered. Figs. 3 through 5 illustrate 
the relative signal power ratio of data to voice traffic in the two CDMA systems. 



Table 1. List of system parameters. 



Spreading bandwidth 


4.80 MHz, 9.60 MHz, 
\9.1QMHz 


Information bit rate 


voice, 


32 kbps 


data, 


128 kbps, 384 kbps 


Required Ef,IN,, J 


voice, 


1 dB 


data, 


%dB 


Number of spreading codes assigned to a 
user, m. 


4, 12 


Orthogonality factor 


0.5 



As the number of spreading codes increases the mutual interference among multi- 
code channels increases, consequently, the relative signal power ratios in both CDMA 
systems also increase. 

With a increase of spreading bandwidth, both of the relative signal power ratios, 
and Tj^ , also increase (Fig. 3). That is, as the spreading bandwidth increases the 
signal power required for data traffic slightly increases in the CDMA systems. This is 
because is proportional to the number of spreading codes and processing gain of 
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the basic-rate traffic (voice traffic). On the other hand, the effect of the increased 
processing gain for data traffic on interference suppression is less than that of voice 
traffic in the SC-CDMA system. For example, when lF = 4.80M//z, m = A, and 
S = 0.5 , = 4.80 and F^^ = 4.45 , on the other hand, in the case of 

W = \9.20MHz, m = 4, and ^ = 0.5 , F„^ = 4.97 and F^^ = 4.87 . 




Number of spreading codes assigned to a user, m 



Fig. 3. Relative signal power ratio of data to voice traffic in CDMA systems according to 
spreading code and bandwidth allocations ( = 32kbps , = mR^ , d = 0.5 , = ldB , 

y^ = %dB ). 

Fig. 4 illustrates the effect of the orthogonality factor on the relative signal power 
ratios in the CDMA systems. As the orthogonality factor and the spreading bandwidth 
increase, the relative signal power ratio decreases. For example, in the cases of 
W = 9.60MHz , 5 = 0.5 and W = \9.2QMHz , 5 = 0.5 , the relative power ratios are 
given by F^^ = 4.91 and F,„^ = 4.97 . However, when the orthogonality factor is less 
than 0.2, the effect of spreading bandwidth is reversed. 

Table 2 shows the difference between the relative signal power ratios in both 
CDMA systems, | p _ p | As the number of spreading codes increases the differ- 
ence also increases. However, this difference reduces as the spreading bandwidth 
increases. For example, a threefold increase in the number of spreading codes causes 
approximately a threefold increase in the difference of the relative signal power ratio. 
A threefold increase in the spreading bandwidth results in a threefold decrease in the 
difference. That is, when W = 4.80 MHz, m = 12, and S = 0.5 , the relative signal 
power ratio of data to voice traffic in the MC-CDMA system is 20 percent higher than 
the ratio in the SC-CDMA system. However, in the case of IT = 19.20 MHz, m = 12, 
and S = 0.5 , the relative signal power ratio in the MC-CDMA system is only 6 per- 
cent higher. 
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Fig. 4. Relative signal power ratio of data to voice traffic in CDMA systems according to the 
orthogonality factor and spreading bandwidth {R^= 32kbps, R^=\2%kbps, m = A, 
= IdB , = MB ). 



Table 2. Relative signal power ratio of data to voice traffic in the MC- and SC-CDMA 
systems. 



{Ry = 32Kbps , Rj = \2%Kbps ,m = 4 ,y^ = IdB , and y^ = MB ) 



^ = 0.5 


BW 

r 


4.80 MHz 


9.60 MHz 


19.20 MHz 






4.80 


4.91 


4.97 






4.45 


4.72 


4.87 




T >T 

^ wr sr. 


7.8 % 


4.0% 


2 % 



{Ry = 32Kbps , R^ = 3%AKbps ,m = \2 ,yy = IdB , and y^ = MB ) 



^ = 0.5 


BW 

r 


4.80 MHz 


9.60 MHz 


19.20 MHz 




12.42 


13.65 


14.37 


C. 


10.38 


12.27 


13.53 


> Cc 


19.6 % 


11.2% 


6.2 % 



5 Conclusion 

The reverse link of MC-CDMA and SC-CDMA systems in multipath fading envi- 
ronment is first characterized by the orthogonality factor among multiple spreading 
code channels. The reverse link signal power required for multimedia traffic is then 
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analyzed in terms of the relative signal power ratio of data to voice traffic according 
to varying system parameters. 

Analytical results show that the required signal power for multimedia traffic sig- 
nificantly increases as the orthogonality loss and the number of spreading codes in- 
crease in multipath fading environments. Furthermore, MC-CDMA users require a 
power level approximately identical to SC-CDMA users when multimedia traffic is 
transmitted with a wide bandwidth. These results can be used in the design of power 
allocation schemes for wireless multimedia services. 
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Abstract. Location Registration means that a mobile station (terminal) notifies 
its location to a base station and MSC. It is helpful to page terminals in cellular 
system. The location is divided by zone including several cells. When the ter- 
minal goes through the boundary between two zones and enters a new zone, it 
has to register its location through system access procedure. If many terminals 
transmit location registration messages concurrently at the boundary in case of 
being transported by public transportation system like subway, many competi- 
tions occur and consequently many registrations will fail and have to retry. In 
this paper, we present the result measured in real subway environment and test 
system which varies some parameters in order to optimize the performance. 



1 Introduction 

Location registration in cellular system is to notify the location and status of users to 
service system. Several cells are tied by an area called zone which is used for manag- 
ing terminals. When the terminal goes through the boundary, it has to notify its in- 
formation to a new zone. Then, the system can know the location of a terminal and let 
the terminal take an incoming call through paging in the zone. 

In means of transportation, velocity of the public transportation is fast and the den- 
sity of users using cellulars is high. Some problems occur in the cellular system. If 
thousands of terminals attempt to register their information at the same time, most 
terminals fail because registration messages from terminals interfere with one another 
due to the shared access channel. 

In this paper we focus on analyzing the performance of location registration and 
showing how to optimize this registration. 

In section II we describe the problem when the location registration occurs. Section 
III overviews system access procedure and section IV shows simulation result and 
optimization techniques to improve the performance. 



2 The Problems in Public Transportation System 

Each zone has its identification(ZonelD) and a terminal maintains all ZonelDs ser- 
viced. A base station informs its own ZonelD to terminals by System Parameter Mes- 
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sage. While the terminal moves to the boundary, it operates hand-off procedure. If 
there is no ZonelD received from the base station within the terminal’s ZonelD-list, it 
performs location registration. Location registration message is sent through reverse 
access channel. If the base station receives the message, it sends a response message. 
Registration Accepted Order Message, to the terminal through a page channel. 

Figure 1 shows the problem in location registration when subway or bus goes 
through the boundary. Many terminals send location registration messages to the base 
station simultaneously. All of terminals interfere with one another because they share 
only one access channel and compete to access the system. Therefore, most termi- 
nals fail in registration and retry it. Also, it may cause to load HLR and VLR. 




Fig. 1. The problem of location registration in public transportation system 



3 System Access Procedure 

Figure 2 shows access probe sequences. Registration message which is access probe 
is transmitted over the CDMA channel based on slotted ALOHA. All of base stations 
and terminals are synchronized by GPS. The terminal sends message over access 
channel to base station for very short time and waits for a response from the base 
station for some time(TA). 

If it couldn’t receive the response, it retransmits access probe with increasing 
transmission power(lP) after it waits for a random time(RT) to escape retransmitting 
messages at same time. On the other hand if it receives response from the base station, 
it considers that base station receives access probe correctly and stops transmitting 
access probe. If there is no response in spite of transmitting access probe several 
times(l+NUM_STEP), the terminal waits for some time(RS-i-PD) and repeats above 
procedures. Probe train is called by access sequence. Terminals execute persistent 
delay(PD) test at every random access slot. If persistent test is passed, terminals try to 
transmit access probe. If no message is received from the base station after access 
sequence as many as MAX_REQ_SEQ, then the terminal considers that access at- 
tempt fails[l]. 
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Access Attempt 



Access Probe 

Sequence 1 Seq 2 Seq 3 Seq MAX_REQ_SEQ 




4 The Result of Location Registration Measurement in Subway 

4.1 The Reason of Measurement 

It is very possible in Subway that many terminals try location registration concur- 
rently. For example, about 3000 ~ 4000 people get into subway at rush hour and most 
people may have cellular phone. If a subway passes through the boundary, many 
terminals will try location registration. So many collisions and message retransmis- 
sions occur. We measured in real environment whether location registration failure 
occurs or not and how many retransmission occurs. 



4.2 The Result of Measurement 

We observed the number of registration accepted order message and the number of 
message retransmission. The number of terminal which succeeds in location registra- 
tion can be known by the number of registrations accepted order message. 

Figure 3 shows one example of measurement. It is the result measured in April, 
2001 at subway number 2 line. Because it was a rush hour and zone was changed in 
tunnel, many registration fails and retransmissions occur. The X, Y axis represent 
time and the number of order messages respectively. The box indicates the number of 
registrations accepted order message for 5 seconds. Therefore the number of terminals 
which succeed in location registration for 32 seconds is 101. But it may be uncertain 
since all of order messages can not be captured. Though it has uncertainty, it shows 
that message retransmission occurs several times. The short bar means transmitted 
location registration message. The short bar train means that the terminal retransmits 
location registration message. Long bar means location registration success. So re- 
transmission is stopped. 
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Fig. 3. Result of measurement. 
Table 1. Parameters for simulation 



Term 


Parameters 


Remarks 


Number of 
Sequence 


MAX_REQ_SEQ 


The number of probe sequence 
Max. of MAX_REQ_SEQ : 15 


RS 


0 - (1+BKOFF) 


Backoff Delay between sequences 
Max. of BKOFF : 15 slot 


PD 


ps -j msT 4 ^ K£o_ «asT 

0<RP<1 


Persistence Delay between sequences 
Max. of PSIST:62. Max. of REG_PSIST:7 


Number of 
Probe 


1+NUM_STEP 


The number of probe in probe sequence 
Max. ofNUM_STEP:15 


TA 


(2+ACC_TMO)*80ms 


Static Delay for ack from BS 
Max. of ACC.TMO : 15 


RT 


0-(1+PROBE_BKOFF) 


Backoff Delay between probes 
Max. of PROBE_BKOFF : 15 slot 


Slot size 


(4*PAM_SZ+MAX_CAP_SZ)x20ms 


Slot size 



5 The Simulation Result 

5.1 Parameters and Simulation Environment 

All of terminals use only one access channel to access system by slotted ALOHA. 
The success rate is simulated when all of terminals use only one access channel. Col- 
lision happens when messages are sent at the same slot. Also, If terminals have no 
response from the base station after location registration, they consider that messages 
are lost and retransmit them. 

The subway is selected as a simulation model. One subway consists of ten coaches. 
When a subway goes through the boundary, terminals perceive that zone is changed 
and try location registration. All of terminals consider that location registration fails 
after N^ccess retransmission. 

If a terminal has no response from a base station during TA after probe transmis- 
sion, the terminal waits for random time(RT) calculated from PROBE_BKOFF. RT 
let terminals with collision escape competition. The interval between access probe 
sequences consists of RS and PD in which RS is calculated by BKOFF parameter. 
MAX_RFQ_SFQ parameter defines the number of access probe sequences. 
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NUM_STEP parameter defines the number of probes in an access probe sequence. 
Persistent Delay(PD) parameter defines persistent test after random slots between 
access probe sequences. The P is calculated by X and the terminal 

generates random number(RP) between 0 and 1 . If RP is smaller than P, next access 
probe sequence continues. On the contrary, if RP is larger than P, next access probe 
sequence will stop and persistent test is performed again by regenerating RP. 

Table 1 shows parameters used in simulation. TA and slot size are static value. 
And MAX_REQ_SEQ, BKOEE, NUM_STEP and PROBE_BKOEE are variables. 



Success Rate 

(BKOFF=1, M*,>CREQ_SEQ=2, NUM_STEP=5, PD=0) 




Number of Mobile Stations 



Fig. 4. PROBE_BKOFF variation 



5.2 Simulation Result 

Figure 4 shows the variation of location registration success rate in accordance with 
PROBE_BKOFE. Other parameters are set from measured value. From figure 4, we 
can find that the PROBE_BKOFF has a positive effect on the success rate. Therefore 
when the competition among terminals occurs, success rate can be improved by in- 
creasing PROBE_BKOFF value. 

Figure 5 shows the variation of the success rate in accordance with as BKOFF. 
From figure 5 we can find that BKOFF has no effect on success rate The reason is 
that MAX_REQ_SEQ value is low and BKOFF can’t contribute to success rate Dur- 
ing simulation, BKOFF and PROBE_BKOFF parameters are set by maximum value 
in the case of maximum success rate. 

Figure 6 shows the variation of the success rate in accordance with as 
MAX_REQ_SEQ. From figure 6, we can see that MAX_REQ_SEQ parameter has 
little effect on success rate. 

Figure 7 shows the variation of the success rate in accordance with as 
NUM_STEP. From figure 7, we can find that NUM_STEP parameter has little effect 
on success rate. 

Figure 8 shows how much variation of P effects on success rate. The lower P 
value, the higher success rate. We can see that success rate is better than former cases 
about 8 times. Also we require to consider viewpoint of average success time. The 
average success time means the total time which is taken until the terminal succeeds 
in location registration. 
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Success Rale 

(PW)Rr_RKorT=i . MAX_nra_src>?. NUM_STrp=f>. pn=o) 




-•-BKOFF 1 
-«-RKorr=h 
— BKOFF 10 
RKorr=ih 



Number of Mobile Slatioriii 



Fig. 5. BKOFF parameter variation 



Success Rate 

(BKDFT-lb. PnoeCBKOrr-lb. NUM.STCP-5) 




MAX HtO StO 2 
MAX_nro_sro-5 
MAX_RFQ_SFQ 10 



Number of Mobile Stolons 



Fig. 6. MAX_REQ_SEQ variation 



Success Rate 

(BKOFF-15, PROBE_BKOFF-15, MAX_REO_SEQ-2) 




-♦-NUM_STEP=5 
-^NUM_STEP-10 
-A- NUM_STEP=15 



Number of Mobile Stations 



Fig. 7. NUM_STEP variation 
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Average Success Time 

(BKOrr-IB. PROBF BKOrF'15, MAX RFQ STQ-I, MUM STTP-0) 




Number of Mobile Statiorrs 



Fig. 9. Average success time by P variation 

Figure 9 shows that average success time varies in accordance with P. Although 
success rate is high, it takes long time to succeed in location registration about 3 min- 
utes. If we varies the value of P to increase success rate, average success time get 
longer. Consequently, it is needed to adjust the parameter according to the time. 



6 Conclusion 

From the simulation result, the effect of PD parameter is more influential than 
BKOFF, PROBE_BKOFF, MAX_REQ_SEQ and NUM_STEP. Because BKOEE, 
PROBE_BKOEE, MAX_REQ_SEQ and NUM_STEP have maximum value, it is 
hard to expect better performance. Therefore PD can lead the highest success rate. 

However, the improvement of location registration success rate by PD bring out 
longer average success time. Eor this reason, it is better to set lower PD value in rush 
hour, for example, P=0.001, in order to increases location registration success rate and 
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it is better to set higher PD value in loose time, for example, P=0.01 in order to de- 
creases average success time. 

It is dangerous to decide that success rate is poor in subway from our result of 
measurement because we only took information in order messages over page channel. 
To determine exact conclusion, we have to compare it with the base station’s informa- 
tion. But we can see the pattern of location registration failure. 
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Abstract. In this paper, we propose a scheduling algorithm support- 
ing variable length packet transmission under handoff environment in 
WDM-based micro-cellular networks. In this network architecture, by 
employing the broadcast nature of the star coupler, very simple and fast 
handoff procedure was achieved. The main idea of packet scheduling is 
to keep the base station’s receiver contention and wavelength channel 
collision probability as low as possible using the receiver and channel 
information of the neighboring base stations. Simulation results show 
that the proposed scheme performs better than the other pre-reported 
schemes for moderate and heavy handoff rate cases. 



1 Introduction 

For the past several years, the mobile communication networks exploded with the 
demand for nonvoice types of services driven by multimedia traffic and service 
to nonstationary end terminals. In spite of this demand two primary technical 
challenges have impeded the creation of an access platform adequate to meet 
these demands. The first of these involves inadequate capacity afforded by the 
copper wires, which typically connect homes and offices, and the cost of upgrad- 
ing subscriber and local loop facilities. The second is the limited availability of 
radio spectrum to meet the demand for nonstationary services. 

To cope efficiently with inadequate capacity afforded by the copper wires, one 
alternative is design a new wavelength division multiplexing (WDM) based net- 
work architecture. In this architecture, optical fiber connects many base stations 
(BS). Because of fiber optic cable’s low loss and wide bandwidth, much more 
bandwidth in the wired part is available and the impediment of inadequate ca- 
pacity afforded by the copper wires is solved H) 0- To remove another problem 
of limited radio spectrum for nonstationary services, the future wireless network 
should be constructed under the micro/pico-cellular architecture rather than the 
macro-cellular architecture. However, penalty is that handoff events will occur 
at a much higher rate. When handoff happens, the network control functions of 
the wired network and wireless network need to be invoked. In the wired part of 
the network, handoff requires the establishment of a new route to transport the 
packets to the new BS. In the traditional cellular network, each routing always 
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involves the call setup procedure, which takes a long time. Therefore, there is a 
significant handoff delay, which is undesirable. 

Several researches have been worked out about scheduling and routing of 
packets in WDM-based micro-cellular systems PI, Q, p|. Nen-Fu Huang’s group 
has presented a WDM-based PCN architecture and algorithm, which overcomes 
the wavelength and time slot conflict problem that might happen when mobile 
terminal (MT) roams to a neighboring cell P|. This algorithm assigns the wave- 
length channel to the established connections including the roaming ones so that 
the wavelength and time slot conflict rate is kept as low as possible. However, 
their work is limited to the equal size of packets transmission based on super 
frame structure. Furthermore, perfect synchronization among wavelength chan- 
nel is required because each wavelength channel is partitioned into a set of time 
slots. Another research work conducted by Jacob Sharony is a multi-star op- 
tical backbone network suitable for distributed micro-cellular wireless systems 
0. In his work, BSs are grouped into one-hop subnets of size m, where each 
BS is affiliated with D subnets by star coupler. The network composed of wired 
and wireless segments, and corresponding addressing and routing schemes are 
described. Even though the network is high fault-tolerant, has a self-routing 
method and a near balanced load, which results in high throughput and low 
delay, the amount of fiber is enormous. 

In this paper, we propose a new scheduling algorithm supporting variable 
length packet transmission under handoff environment in WDM-based micro- 
cellular networks. Although several approaches were proposed to schedule vari- 
able length packets in WDM star-coupled network i. & M, i. they all illus- 
trate the application of the protocols only in the static end user environment. In 
our scheme, by employing the broadcast nature of the star coupler, very simple 
and fast handoff procedure was achieved. The main idea of packet scheduling is 
to keep the base station’s receiver contention and wavelength channel collision 
probability as low as possible using the receiver and channel information of the 
neighboring BSs even under handoff environment. 

2 WDM-Based Micro-cellular Network Architecture 

2.1 Network and BS Architecture 

In this paper, we consider WDM-based micro-cellular network architecture using 
star coupler as shown in Fig. Q1 It assumes there are N BSs. Each node is con- 
nected to a passive star coupler via a pair of optical fibers, one of which is used 
for transmission and the other for reception. Transmissions from all BSs on all 
wavelengths are combined at star coupler and broadcast to all nodes via receiver 
fibers. Each micro-cell has a BS to serve the MTs within the cell. Scheduler 
connected to the star coupler acts as a local mobility manager and wavelength 
channel scheduler. 

There are W+1 available wavelength channels, where W is less than the 
number of BSs in the system. One of the channels, Aq, is used as control channel, 
which shared by all BSs in the system. The control channel is used for carrying 
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control messages such as the call setup request and handoff signals as well as 
wavelength allocation commands. The control channel is shared using TDMA 
technique to avoid collision of control packets In this channel, each frame 
contains N time slots and each time slot is dedicated to one BS. For example 
BS i uses the ?th time slot in a control frame to transmit its control packet. The 
rest of the channels, from Ai to Aw are data channels, which also time slotted, 
are used for data packet transmission. The length of data slot is independent of 
the length of control frame |S| . 




Fig. 1. WDM-based micro-cellular network architecture using star coupler (BS: Base 
Station, MT: Mobile Terminal) 



Fig.0 shows the BS architecture. Due to cost considerations, each BS is 
equipped with one fixed transmitter (FT), one fixed receiver (FR), one tunable 
transmitter (TT), and one tunable receiver (TR). The fixed transmitter and the 
fixed receiver are used for the control channel. The tunable transmitter and tun- 
able receiver are tunable over all the data channels in the system. The following 
three modules compose the BS: the wireless module, MAC controller, and chan- 
nel and time allocation table. The wireless module is in charge of communicating 
with MT within the cell. The MAC controller is in charge of transmitters and 
receivers control. The channel and time allocation table keeps the information 
about the assigned wavelength channel and time duration over which the packet 
will be transmitted in the network. 



2.2 Packet Transmission Procedures 

Before a packet is sent, an MT sends its packet over the radio link to BS. Then, a 
BS needs to transmit a control packet on the control channel in its assigned con- 
trol slot. Control packet contains source MT ID, destination MT ID, and packet 
length information. After scheduler receives the control packet from all BSs, 
scheduling algorithm is invoked to determine the wavelength channel and time 
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Mobile 

Terminals 



Fig. 2. BS architecture (FT: Fixed Transmitter, TT: Tunable Transmitter, FR: Fixed 
Receiver, TR: Tunable Receiver) 



duration over which the packet will be transmitted. Once a packet is scheduled, 
the sending BS will tune to the selected wavelength channel at the scheduled 
transmission time. When the packet arrives at its destination, the receiver at the 
destination BS should be tuned to the same wavelength channel to receive the 
packet. Our scheduling algorithm is designed to avoid receiver contention and 
wavelength channel collision even under handoff environment. 

2.3 Call Setup and Handoff Procedures 

When an MT requires call setup, MT sends a connection request with its ID to 
BS. Then, BS forwards the connection request to the scheduler. If the scheduler 
can find an available wavelength channel and time over which packet will be 
transmitted that is conflict free, the scheduler grants the connection request. 
Otherwise, the connection request is refused. 

When an MT is in the middle of transmitting or receiving its packet while 
moving from one cell to another neighboring cell, the handoff event occurs. In 
this moment, MT sends a registration message to the new BS including its ID, 
the wavelength channel and time over which its packet transmitted in the old 
BS. If the assigned wavelength channel and time duration for moving MT are 
available at the new BS, the MT can continue its communication using the same 
wavelength channel and time duration as in the old BS by just tuning new BS’s 
receiver to that channel without complicated handoff procedures. However, if 
the wavelength channel and time duration for moving MT in the new BS are not 
available, the receiver contention or channel collision may occur. In this case, 
scheduler has to find a new channel or time duration over which packet will be 
transmitted that is conflict free. This simple and fast handoff procedure can be 
achieved due to the broadcast nature of the star coupler. 
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3 Proposed Packet Scheduling Algorithm 
under Handoff Environments 

3.1 Algorithm Description 

When a control packet is received, the scheduler determines the wavelength 
channel and time duration over which the packet will be transmitted. In order 
to achieve this goal, some global information must be maintained at each BS. 
The two tables are known as receiver available time (RAT) and channel available 
time (CAT) 0. RAT is an array of N elements, one for each BS. RAT[j]=t, where 
^ ^ j ^ N , means the node j will be idle after t time slots. CAT is an array of 
W elements, one for each data channel. CAT[c]=t, where 1 < c < W, means the 
channel c will be available after t time slot. 

Step 1) Transmit a control packet at the allocated control slot on the control 
channel 

Step 2) Save the transmission requests at scheduler’s queue according to their 
packet generation time 

Step 3) Select the earliest available data channel k such that CAT[k] < CAT[n ] , 
Vn yf fc, 1 < fc, n < W 

Step 4) If the wavelength channel and time duration for the MT are not used 
in the neighboring cells, go to step 7); otherwise go to step 5) 

Step 5) Repeat step 4) for the all packets remained scheduler’s queue; If the 
wavelength channel and time duration for the MT is used in the neighboring 
cells again, go to step 6) 

Step 6) Sort CAT in descending order and save as CATS; For all I from 1 to IT- 
1, if the wavelength channel and time duration for the current MT’s packet 
are used in the neighboring cells, update CAT[fc] such that CAT[fc]=CATS[/], 
and exit for loop 

Step 7) Calculate the time when BS j can be ready to receive next packet : 
r^=RAT[)], the earliest available time that sending BS can transmit on data 
channel k : ti=CAT[fc], and the time that BS fs receiver should be ready to 
receive on data channel k : t 2 =max(ti, r) 

Step 8) Schedule transmission time <2 on the channel k 

Step 9) Update RAT[j]=t 2 +nr, CAT[k]=t 2 +m, where mis the packet length 

3.2 Examples 

In order to illustrate the proposed algorithm thoroughly, in this subsection, 
we give an example and compare its performance with earliest available time 
scheduling (EATS). EATS is not intended to handle packet transmission under 
handoff environment. Fig. 0 shows the single cluster example network with 24 
BSs connected to the star coupler. We assume that the number of data channels 
is three, transceiver tuning time and roundtrip delay between BS and star coupler 
are zero for simplicity. Table Q represents 14 packet transmission requests from 
source BS to destination BS with different packet length. In this example, we 
assume that the data channels are initially idle. 
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Fig. 3. Example network architecture with 24 BSs and 3 data wavelength channels 

Table 1. Packet transmission requests from source BS to destination BS with different 
packet length in the example network 



Packet Number 


Source BS ID 


Destination BS ID 


Packet Length 
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11 
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3 
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Fig.0shows the result of scheduling using EATS algorithm. In this figure, the 
horizontal axis represents unit time, and upper part and lower part of the figure 
indicate the data wavelength channel and BS receiver map, respectively. As Fig. 
El shows, EATS initially provides the schedule which assigns packet number 1 
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to channel Cl, packet number 2 to channel C2, and packet 3 to channel C3. 
Although packet number 3 is assigned to channel C3 it cannot be transmitted at 
time 0. It has to wait until packet number 1 has been transmitted because packet 
number 3 has the same destination receiver as packet number 1. Packet number 4 
is then assigned to channel Cl, which has the earliest available time. EATS con- 
tinues to assign until 14th packet represented in the Table ^in a similar fashion. 
The average delay of the 14 packets in this example using EATS can be calcu- 
lated as: (7-kl2-kl2-kl8-k21-kl9-k22-k25-k29-k32-k30-k34-k36-k39)/14=24.0. 
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Fig. 4. Packet scheduling and handoff events using EATS algorithm (Transceiver tun- 
ing time and roundtrip delay between BS and star coupler are assumed to be zero) 



If 6 packets out of total 14 packets are handed off as indicated with arrows 
as shown in Fig. 21 receiver contentions may occur. For example, if the MT 
scheduled to receive packet number 4 within cell 3 moves neighboring cell 4, the 
receiver contention occurs because the BS 4’s receiver already busy in order to 
receive packet number 2. In this case, packet number 4 cannot be transmitted 
correctly. The rest of the handoff events cause the same receiver contention prob- 
lems, too. To transmit all of these unsuccessful packets, retransmission scheme 
was adopted in this paper. If the retransmission is made for these unsuccessful 
packets, the average delay is 29.785. 

The proposed algorithm is designed to handle variable size packet transmis- 
sion under handoff environment. This algorithm attempts to schedule the trans- 
mission of a packet at the earliest possible time, by selecting a data channel 
which is available the soonest according to the receiver and channel information 
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of the neighboring BSs to avoid receiver contention and channel collision proba- 
bility. If the global information RAT and CAT elements are assumed to all zero 
initially, the packet scheduling algorithm as follows. 

Fig. 0 shows the result of scheduling using proposed scheduling algorithm. 
As Fig. |51 shows, proposed algorithm provides the schedule, which assigns packet 
number 1 to channel Cl, packet number 2 to channel C2, and packet number 
6 to channel C3. Although packet number 3, 4, and 5 is the packets that to be 
transmitted after packet number 2 based on first come first served basis, these 
packets cannot be transmitted on channel C3. This feature is the main idea 
of our algorithm, which makes an effort not to transmit concurrently, whose 
destination BS is adjacent. As shown in Fig. 5, destination of the packet number 
1, 2, and 6 are 14, 4, and 24 at time 5. From the example network architecture, 
these destinations are far apart each other. Thus, even if handoff events occur 
at this moment, the probability of receiver contention is avoided because of the 
location of these destinations. 
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Fig. 5. Packet scheduling and handoff events using proposed algorithm (Transceiver 
tuning time and roundtrip delay between BS and star coupler are assumed to be zero) 



If the packet number 3 were scheduled on channel C3 instead of packet num- 
ber 6, the receiver contention will occur as shown at the EATS algorithm. If the 
packet number 4 were scheduled on channel C3, instead of packet number 6 there 
will be no receiver contention because the destinations of the packets are 14, 4, 
and 3. But, destination 4 and 3 are neighboring cells. Thus, receiver contention 
may occur if the MTs within cell 4 or 3 roams between these cells. Proposed al- 
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gorithm continues to assign until 14th packet represented in Tabled in a similar 
fashion. The average delay of the 14 packets in this example is calculated as: 
(7+12+30+30+39+7+ll+6+20+25+44+12+15+19)/14=21.9286. 

If 6 packets out of total 14 packets are handed off as indicated as shown in 
Fig.ini using the proposed algorithm, receiver contention is significantly reduced 
compared to EATS. For example, if the MT scheduled to receive packet number 
4 within cell 3 moves neighboring cell 4 at time 19, the receiver contention does 
not occur because the BS 4’s receiver is idle during the transmission of the packet 
number 4. But, the packet number 14, which hands off at time 12, will not be 
transmitted correctly because the BS 7’s receiver is busy for the packet number 
13 which has been handed off one time earlier. However, the probability of this 
situation is low. If the retransmission is made for unsuccessful packet number 
14, the average delay is 23.6429. 

It is evident from the results in these examples that the proposed algorithm 
improves the average delay compared to the EATS algorithm even under handoff 
environment. 



4 Simulations 

In order to evaluate the effectiveness of the proposed scheduling algorithm, some 
simulation tests were implemented. We assume that the WDM-based micro- 
cellular network contains 49 BSs. The default values of system parameters can 
be set as follows, unless specified in each individual experiment. The number of 
BSs is 49, the roundtrip delay and the tuning time of transceiver assumed to 
be 0 for simplicity. The packet length in terms of the time unit is distributed 
exponentially with mean 20. The handoff rate Ph is defined as the ratio of the 
number of roaming MTs to the number of total MTs, which have a packet to 
transmit. Since our scheduling algorithm employ TDMA on the control channel, 
we focus our attention on the components of the packet delay starting from the 
time when a control packet is received by scheduler. 

Fig.ini shows the average packet delay of the EATS and proposed algorithm 
under varying the number of packets per BS with 5 data wavelength channels. 
As the figure shows, the proposed algorithm significantly outperforms the EATS 
under different handoff rate. This is because higher mobility rate introduces 
more receiver contention at the EATS algorithm. We can see that the average 
packet delay produced by the proposed algorithm under different handoff rate is 
almost same. The reason that the proposed algorithm obtains a similar packet 
delay characteristics under different handoff rate is that the proposed algorithm 
takes into account the information of wavelength channel and time duration 
used in the neighboring BSs when a wavelength is to be assigned. Thus, the 
delay characteristics of proposed algorithm are insensitive to the handoff rate 
compared to EATS, which does not consider neighbor BS’s status information. 

Fig.Q shows the average packet delay of the EATS and proposed algorithm 
as the number of channels increases when the number of packet per BS is 1.0. As 
the figure shows, the proposed algorithm outperforms the EATS with handoff 
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Fig. 6. Average packet delay versus the number of packets per BS when the number 
of BSs is 49 and the number of data wavelengths is 5 




Fig. 7. Average packet delay versus the number of data channels when the number of 
BSs is 49 and the number of packets per BS is 1.0 



rate of 0.2 when the number of channels is less than 8. It can be seen when 
the number of channels is above 8, the average packet delay of the proposed 
algorithm is saturated about 98 while that of EATS decreases. This is because 
packets that satisfy the condition of our wavelength channel and time duration 
allocation algorithm, are scarce when the number of channels is large. In the case 
of EATS, the average packet delay decreases because EATS does not consider 
these information. 
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5 Conclusion 

This paper presented a scheduling algorithm supporting variable length packet 
transmission under handoff environment in WDM-based micro-cellular networks. 
By employing the broadcast nature of the star coupler, seamless and fast handoff 
procedure was achieved. To overcome the receiver contention and wavelength 
channel collision that might happen in this architecture when MT roams to 
a neighboring cell, the wavelength channel and time duration information of 
neighboring cells were used. 

The main idea of packet scheduling is to keep the BS receiver contention and 
wavelength channel collision probability as low as possible using the information 
of wavelength channel and time duration of the neighboring BS under handoff 
environment. Simulation results show that the proposed scheme performs better 
than the other pre-reported packet scheduling scheme for moderate and heavy 
handoff rate cases. 
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Abstract. In high speed downlink packet access (HSDPA) developed 
by 3GPP, adaptive modulation and coding (AMC) and hybrid ARQ 
(HARQ) are adopted to increase throughput of downlink packet trans- 
mission. To implement AMC and HARQ, the user equipment (UE) trans- 
mits downlink channel quality information and HARQ acknowledgement, 
respectively, on the uplink feedback channel (HS-DPCCH). In this paper, 
we propose an elegant uplink power control scheme to improve reliabil- 
ity of uplink feedback signalling on the HS-DPCCH when UE is in soft 
handoff region. Simulation results show that the proposed scheme signif- 
icantly improves reliability of the feedback signalling. 



1 Introduction 

High speed downlink packet access (HSDPA) has been studied in 3GPP to in- 
crease throughput of downlink packet transmission m and was recently in- 
cluded in 3GPP Release 5 technical specifications. To increase packet throughput 
against the varying mobile channel conditions, new technologies such as adap- 
tive modulation and coding (AMG) and hybrid ARQ (HARQ) are adopted in 
HSDPA. 

AMG performs the link adaptation by changing modulation format and cod- 
ing scheme according to the variation in the downlink channel condition: for 
example, 16QAM is selected instead of QPSK for better channel condition to 
transmit large amount of packet data. Since the base station (Node B) cannot 
measure the downlink channel condition, the downlink channel condition mea- 
sured at the user equipment (UE) is represented as channel quality indication 
(GQI) and is reported to the Node B 0. 

In HARQ, UE sends HARQ acknowledgement (HARQ-AGK) information to 
Node B for each data packet transmission Then, implicit link adaptation is 
performed by retransmission of the same coded data packet or additional redun- 
dancy in case that HARQ-AGK indicates erroneous reception of data packet at 
UE. 

The feedback information such as HARQ-AGK and GQI are carried on the 
uplink feedback channel (HS-DPGGH), which is code multiplexed with the up- 
link DPGGH/DPDGH 0. When UE is in soft handoff region, since HS-DPGGH 
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T.te = 2560 chips, Nj,„ = 10*2'" bits (k=0..6) 



DPCCH 




Fig. 1. Frame structure for uplink DPDCH/DPCCH 



is received only by the HSDPA-serving cell, the conventional uplink power con- 
trol strategy based on “OR of DOWN” rule cannot guarantee reliable decoding 
of the feedback information. In this paper, we propose an elegant uplink power 
control scheme to improve reliability of the feedback signalling. 

This paper is organized as follows. Section |2| describes the uplink channel 
structure related to HSDPA. In Section 0 the proposed uplink power control 
scheme is described. In Section 0, performance of the proposed scheme is evalu- 
ated through simulation results. Finally, conclusions are drawn in Section 0 



2 Uplink Channel Structure 

There are three types of uplink dedicated physical channels, the uplink Dedi- 
cated Physical Data Channel (DPDCH), the uplink Dedicated Physical Control 
Channel (DPCCH), and the uplink Dedicated Control Channel (HS-DPCCH) 
for the feedback signalling related to HSDPA. The DPDCH, the DPCCH and 
the HS-DPCCH are I/Q code multiplexed jO]. The uplink DPDCH is used to 
carry the dedicated transport channel data. There may be zero, one, or several 
uplink DPDCHs on each radio link. The uplink DPCCH is used to carry control 
information, which consists of known pilot bits to support channel estimation 
for coherent detection, transmit power-control (TPC) commands, feedback infor- 
mation (FBI), and an optional transport-format combination indicator (TFCI). 
Fig. Eshows the frame structure of the uplink DPDCH and the uplink DPCCH. 
Each radio frame of length 10 ms is split into 15 slots, each of length Tsiot = 
2560 chips, corresponding to one power-control period. 

Fig. El shows the frame structure of the HS-DPCCH, which carries uplink 
feedback signalling related to downlink packet transmission pj . The HS-DPCCH 
can only exist together with an uplink DPCCH. The feedback signalling consists 
of HARQ-ACK and CQI Ej. Each 2ms subframe of HS-DPCCH consists of 3 
slots, each of length 2560 chips. The spreading factor of the HS-DPCCH is 256 
i.e. there are 10 bits per uplink HS-DPCCH slot. 
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Tsiot = 2560 chips 2xTsiot = 5120 chips 

< ► 




Fig. 2. HS-DPCCH frame structure 



The HARQ-ACK is 1 bit information (0 or 1) which denotes whether the 
downlink packet transmission is successfully decoded or not. The 1 bit HARQ- 
ACK is repetition coded to 10 bits and is carried in the first slot of the HS- 
DPCCH sub-frame. The downlink channel condition measured at UE is repre- 
sented as 5 bit CQI. The 5 bit CQI is coded using a (20,5) code and is carried 
in the second and third slot of a HS-DPCCH subframe. 

The code words of the (20,5) code for CQI are a linear combination of the 5 
basis sequences denoted defined in Tabled as follows: 

4 

b, = ^(a„ X Mi^n) mod 2 (1) 

n— 0 

where a„ denotes the CQI bit (where ag is LSB and 04 is MSB), 6 ^ denotes 
output code word bit, and f = 0, • • • , 19. 

3 Independent Power Control of HS-DPCCH 
with HS-Pilot Insertion 

When UE is in soft handoff region, upon reception of transmit power control 
(TPC) commands from the active cells, the UE will decrease the transmit power 
of uplink DPCCH/DPDCH if a TPC command from any of the active cells is 
“DOWN”, i.e., “OR of DOWN” rule is applied, since all the active cells try to 
decode UL DPCCH/DPDCH. Unlike to UL DPCCH/DPDCH, HS-DPCCH is 
received only by the HSDPA-serving cell. Therefore, regarding HS-DPCCH de- 
coding, the conventional uplink power control strategy based on “OR of DOWN” 
rule suffers from the drawback that when the HSDPA-serving cell does not have 
the best uplink, the HS-DPCCH will be received with low reliability at the 
HSDPA-serving cell. To overcome this problem, an additional power offset for 
HS-DPCCH may be required. However, since this power offset should be set 
considering the worst case, HS-DPCCH transmission power can be unnecessar- 
ily excessive. Furthermore, with the conventional uplink power control strategy. 
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Table 1. Basis sequences for the (20,5) CQI coding scheme 
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the energy of pilot bits carried on UL DPCCH can be very weak at the HSDPA- 
serving cell, which will result in poor channel estimation and hence prevent 
reliable decoding of the feedback information on HS-DPCCH. 

Then, it is a natural approach to solve the above-mentioned problem as 
follows: 

— HS-DPCCH transmit power is controlled depending only on the link condi- 
tion between the UE and the HSDPA-serving cell, i.e., HS-DPCCH transmit 
power is controlled independent of UL DPCCH/DPDCH power. 

— Special pilot bits are inserted in HS-DPCCH to support measurement of 
HS-DPCCH SIR for the independent power control as well as better channel 
estimation. 

As a detailed solution based on this concept, for the UE in soft handoff region, 
we propose to insert 5-bit pilot field (HS-Pilot) in the second half of the third 
slot of HS-DPCCH subframe as shown in Fig. El Then, SIR estimation as well 
as channel estimation for a HS-DPCCH subframe can be performed based on 
the HS-Pilot field of the previous subframe. 

With the HS-DPCCH subframe structure of Fig. El the proposed uplink 
power control operation is as follows. 

— HS-Pilot field is transmitted on HS-DPCCH every subframe. Transmission 
power of the HS-DPCCH is controlled exclusively by the HS-TPC command 
from the HSDPA serving cell as shown in Fig. El 
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Fig. 3. Proposed HS-DPCCH structure with a special pilot bits (HS-Pilot) field 



— HSDPA serving cell calculates the HS-TPC command for the HS-DPCCH 
utilizing the HS-pilot. HS-TPC command is time-multiplexed with the TPC 
command meant for the UL DPCCH as shown in Fig.0 HS-TPC command 
is transmitted in the TPC field of every third downlink slot by stealing 
the TPC field of DL DPCH, while the other two downlink slots carry the 
TPC command meant for the UL DPCCH. Hence, power control rate of 
HS-DPCCH is 500 Hz. HS-DPCCH transmit power is adjusted at the start 
of HS-Pilot field according the HS-TPC command. HARQ-ACK and CQI 
fields can have different power offset with respect to the HS-Pilot field. 

— Transmission power of the UL DPCCH is controlled by the same way as 
the Release 99 uplink power control only with the exception that HS-TPC 
command from the HSDPA serving cell is neglected in power control opera- 
tion of UL DPCCH. It is noted that in soft handover, the TPC commands 
from active cells other than the HSDPA-serving cell are still used for power 
control of UL DPCCH even in the slot HS-TPC command is received from 
the HS-DSCH serving cell, as shown in Fig. Therefore, power control rate 
for UL DPCCH/DPDCH is 1500 Hz. 

To support 5-bit HS-pilot field transmission, a (15,5) CQI coding scheme is 
needed. The code words of the (15,5) code for CQI are a linear combination of 
the 5 basis sequences denoted Mi^n defined in Table El as follows: 

4 

h = ^(a„ X Mi^n) mod 2 (2) 

n— 0 

where a„ denotes the CQI bit (where uq is LSB and 04 is MSB), bi denotes 
output code word bit, and i = 0, • • • , 14. A major benefit of this (15,5) CQI 
coding scheme is that it can be obtained only by simply removing the last 5 bits 
from the output codeword of the (20,5) CQI coding scheme. 
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Fig. 4. Proposed HS-DPCCH power control operation 



4 Simulation Results 

In this section, performance of the proposed scheme is evaluated through simula- 
tion results for the UE in soft handover region with three equidistant active cells. 
Simulations were performed assuming 3GPP case 1 channel model: 2 tap multi- 
path fading channel with speed of 3 kmph as specified in [Z| . Channel estimation 
is performed once per slot utilizing the pilot bits of a time slot of UL DPCCH in 
case of the conventional scheme. For the proposed scheme, channel estimation 
is performed once per HS-DPCCH subframe utilizing the HS-Pilot bits of a HS- 
DPCCH subframe. Further detailed simulation assumptions are summarized in 
Table 0 

In Fig. 0 and Fig. 0 HER performance of HARQ-ACK and BLER perfor- 
mance of CQI are plotted, respectively. In the two figures, performance with ideal 
channel estimation in case of non-soft handover is also shown for comparison. 
Fig.0 and Fig. 0 show that the proposed scheme significantly outperforms the 
conventional scheme. Furthermore, the HARQ-ACK as well as CQI performance 
of the conventional scheme hits an error floor, while the proposed scheme does 
not. 

In the proposed scheme, the TPC command of every third DL time slot 
from the HSDPA-serving cell is stolen and is used to carry HS-TPC command 
for independent power control of HS-DPCCH. To evaluate impact of the stolen 
TPC command on the performance of UL DPDCH, BLER performance of UL 
DPDCH of 12.2 kbps and 64 kbps is shown in Fig. □ and Fig. 0 respectively. It 
is noted that macro diversity operation was taken into account in the simulation 
of UL DPDCH performance. Figs.Q and 13 show that at the operating point of 
BLER = 10“^ the performance loss is less than 0.2 dB for 12.2 kbps as well as 
64 kbps case. 
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3GPP Case 1 




Fig. 5. BER performance of HARQ-ACK 
3GPP Case 1 




Fig. 6. BLER performance of CQI 



5 Conclusions 

In this paper, it has been argued that when UE is in soft handover region, the 
conventional uplink power control scheme based on “OR of DOWN” rule cannot 
guarantee reliable reception of the HSDPA-related feedback information such as 
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Table 2. Basis sequences for the (15,5) CQI coding scheme 



i 


Mifi 




Mi^2 


Mi, 3 


Mi, 4, 


0 


1 


0 


0 


0 


1 


1 


0 


1 


0 


0 


1 


2 


1 


1 


0 


0 


1 


3 


0 


0 


1 


0 


1 


4 


1 


0 


1 


0 


1 


5 


0 


1 


1 


0 


1 


6 


1 


1 


1 


0 


1 
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0 


0 


1 


1 


8 


1 


0 


0 


1 


1 
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1 


0 
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12.2kbps, 3GPP Case 1 , TPC error: 4% 
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Rx. Eb/No 

Fig. 7. BLER performance of UL DPDCH of 12.2 kbps 



HARQ-ACK and CQI at the HSDPA-serving cell. To overcome this problem, 
an elegant uplink power control scheme has been proposed, where special pilot 
bits (HS-Pilot) are inserted in HS-DPCCH and HS-DPCCH transmit power is 
controlled independent of UL DPCCH/DPDCH power control. The TPC com- 
mand for the HS-DPCCH power control is sent to UE in every third downlink 
time slot by stealing the TPC command for UL DPCCH/DPDCH power control. 
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Table 3. Simulation assumptions 



Chip rate 


3.84 Mcps 


Carrier frequency 


2 GHz 


UL DPDCH information bit rate 


12.2 kbps or 64 kbps as specified in annex A of ffl 


UL DPCCH/DPDCH power ratio 


-2.69 dB for 12.2 kbps and -5.64 dB for 64 kbps 


UL DPCCH slot format 


Slot format 7^0 with 6 pilot bits 


Channel estimation 


Conventional scheme: Once per slot, based on the 
pilot bits of a UL DPCCH time slot 
Proposed scheme: Once per HS-DPCCH subframe, 
based on the HS-Pilot bits of 
a HS-DPCCH subframe 


Inner-loop power control 


On 


Outer-loop power control 


Off 


TPC command error rate 


No error for HS-DPCCH power control loop 
4% for UL DPCCH/DPDCH power control loop 


Cell configuration 


Equidistant three active cells 


Macro diversity for UL DPDCH 


On 


Propagation channel model 


Case 1 (2 tap, 3 kmph) as specified in |7J with 
tap delays modified to be integer number of chips 


Antenna configuration at Node B 


2 antenna space diversity 


Total target SIR 


-21 dB (-24 dB per antenna) for UL DPCCH as 
well as HS-DPCCH 



The simulation results show that the proposed scheme significantly improves the 
reliability of the feedback signalling without noticeable impact on UL DPDCH 
performance. 
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Abstract. In most of broadband wireless data access systems including the 
cdma2000 IxEV-DO system, a maximum possible data rate prescribed by the 
channel condition of a terminal is reflected into the priority metric in the course 
of packet scheduling. Particular examples of packet scheduling algorithms in- 
clude the proportional fairness and modified largest weighted delay first (M- 
LWDF) packet scheduling schemes. We note that all of these existing algo- 
rithms suffer from a so-called rate-length mismatch problem, which may seri- 
ously degrade the system performance. In this paper, we devise a new priority 
metric based on a concept of virtual DRC (Data Rate Control) to solve this par- 
ticular problem. It has been shown that our virtual DRC-based packet schedul- 
ing algorithm always works better than or at least equivalently to the conven- 
tional one. 



1 Introduction 

As a commercialized mobile multimedia service gradually turns into reality, the need 
for an efficient high-speed data system arises. A CDMA high data rate (HDR) system, 
or IxEV-DO (Evolution Data Only) specification, is proposed in [1] for broadband 
wireless access to data networks. Since the typical Internet traffic pattern demands 
much higher throughput on the downward link than on the reverse link, the design 
effort has been mainly focused on improving the downlink. Transmission over the 
downlink is executed through a common downlink data channel in a slotted format, in 
which each slot is assigned to only one user each time. A packet scheduling algorithm 
deals with setting the serving order of packets under a certain priority metric. In gen- 
eral, the different algorithms are governed by the different types of priority metric. In 
most of broadband wireless access systems including the IxEV-DO, a maximum 
possible data rate prescribed by the channel condition of a terminal is reflected into 
the priority metric in the course of packet scheduling. One particular example of 
packet scheduling algorithm is the proportional fairness (PE) packet scheduling 
scheme proposed by Qualcomm [2]. A modified largest weighted delay first (M- 
LWDE) algorithm is another one proposed by Lucent Technologies [3]. We note that 
all of these existing algorithms suffer from a so-called rate-length mismatch problem, 
which may seriously degrade the system performance under some situation. In this 
paper, we devise a priority metric under a new concept of virtual DRC (Data Rate 
Control) to solve this particular problem. Our virtual DRC-based packet scheduling 
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algorithm is supposed to work better than or at least equivalently to the conventional 
one. 

The rest of this paper is organized as follows. Section 2 presents an overview of the 
IxEV-DO system model and addresses the rate-length mismatch problem. Our pro- 
posed algorithm is described in Section 3. Simulation results and performance analy- 
sis are given in Section 4. 



2 System Model and Issue 

2.1 System Model 

The forward link of the IxEV-DO system consists of a single data channel that is 
divided into 1.67ms time slots. The base station transmits pilot signal, control infor- 
mation, and user data in a time division multiplexed (TDM) manner on this channel. 
Two pilot bursts are inserted into each time slot to aid synchronization, C/I estimation 
and coherent demodulation. Forward link transmission rate is determined by the 
channel condition, which is indicated by measurement in the mobile terminal. In fact, 
a value of C/I ratio is calculated in the terminal using downlink pilot burst and then, 
allowable data rate is indicated in terms of DRC from each terminal to base station 
through uplink channel. The DRC is reported every slot. Supporting the data rate 
ranged from 38.4kbps to 2.4576Mbps, it is determined by the SNR required to 
achieve a 1 percent packet error rate. The required SNR value of different data rate is 
listed in Table 1. Figure 1 shows the packets mapping through different layers on the 
downlink channel. Depending on the transmission rate, the number of protocol data 
units (PDU) in MAC layer can be from 1 to 4 to form one packet in the physical layer. 
In other words, the length of physical-layer packet varies with the transmission rate, 
thus taking the different number of slots to transmit one packet, summarized in 
Table 1. 



Table 1. Properties of the packets in the downlink corresponding to DRC 



DRC 


Data Rate 
(kbps) 


Values per Physical 
Layer Packet 


SNR 

(dB) 


Number of 
Slots 


Number of 
Bits 


0x1 


38.4 


16 


1,024 


-12.5 


0x2 


76.8 


8 


1,024 


-9.5 


0x3 


153.6 


4 


1,024 


-6.5 


0x4 


307.2 


2 


1,024 


-4.0 


0x6 


614.4 


1 


1,024 


-1.0 


0x8 


921.6 


2 


3,072 


1.3 


0x9 


1,228.8 


1 


2,048 


3.0 


Oxh 


1,843.2 


1 


3,072 


7.2 


Oxc 


2,457.6 


1 


4,096 


9.5 
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Fig. 1. Mapping of packets in different layers on the downlink [4] 



2.2 Rate-Length Mismatch Problem 

In the following discussion, let DRCjit) denote the maximum possible data rate for 
user i at time slot t, which is actually prescribed by the DRC value of user i. Packet 
scheduling algorithm deals with setting the serving order of packets in the transmis- 
sion buffer. In general, the serving order is determined under a certain priority metric. 
One with the largest priority is served ahead of all other users and their priorities are 
updated afterwards. A simplest possible priority metric would be the DRC. In this 
case, it leads to the maximum-rate packet scheduling algorithm which always serves 

the packet with the largest value of DRC, i.e., argmax{DRC, (f)} . However, it may 

i 

suffer from unfairness among all users, since one under the best channel condition is 
always served ahead of the others, regardless of how long each packet has been wait- 
ing in the buffer. In practice, a proportional fair scheduling algorithm is implemented 
to provide fairness. The average data rate actually provided to each user is measured 
and taken into account as a part of priority metric. Let the average data rate provided 
to user i by time slot f be denoted by R, (f) . Then, a priority metric under the propor- 
tional fairness scheduling scheme is DRCi(t)l Rj(t) and thus, an order of service is 
determined subject to argmax{DRC, (t)/R, (f)} . 

i 

Now, consider a situation that a packet length of a user with a better channel is 
shorter than that of a user with a worse channel. Figure 2 shows a specific example of 
that situation. Here, DRCi(t) = 2,457.6kbps and DRC2(t)= 1,228.8kbps, i.e., 4 and 2 
MAC PDU’s can be transmitted with one packet for user 1 and 2, respectively. How- 
ever, lengths of their packets in the buffer are 1 and 4, respectively. If we use the 
maximum-rate scheduling algorithm, user 1 is served ahead of user 2, which would 
waste the bandwidth of user 1 while letting the long packet of user 2 wait longer. 

This problem is caused by the fact that actual length of the waiting packet is not 
taken into account in the course of scheduling, especially when it is not matched with 
the maximum possible data rate, e.g., a short packet with high data rate. The objective 
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User 1 




length of 
waiting packet 



DRC 2 (t)= 1228.8kbps 
(2,048 bits/packet) ^ 



User 2 



MAC PDU 
(1024 bits) 



MAC PDU 
(1024 bits) 



MAC PDU 
(1024 bits) 



MAC PDU 
(1024 bits) 



length of 
I waiting packet 



Fig. 2. Example of the rate-length mismatch problem 



of this paper is to solve this rate-length mismatch problem. Note that any scheduling 
algorithm using DRC as a part of the priority metric always suffers from this problem. 



3 Virtual DRC-Based Packet Scheduling Algorithm 

A new approach is proposed to solve the aforementioned rate-length mismatch prob- 
lem by introducing a concept of virtual DRC, which incorporates a length of waiting 
packet into the original DRC. Figure 3 presents an overall scheduling algorithm in a 
pseudo-code. It will be executed to determine which user to be served in each time 
slot. There are three main steps: virtual DRC computation, proportional fairness 
scheduling, and average transmission rate updating. In the initialization step, the val- 
ues of virtual DRC will be computed. Virtual DRC is a rescaled version of DRC. 
More specifically, DRC is scaled by a ratio of actual amount of packets to be trans- 
mitted to the maximum possible amount of packets that can be supported. In other 
words, such readjustment tries to lower the scheduling priority as the inefficiency 
increases due to the rate-length mismatch problem. 

Let Git) denote a set of users that have a packet to transmit in a time slot t. 
Transmission capacity of each user i is determined by DRCiit) . Let S^K^Xt), 
i e G{t ) , denote the amount of traffic (in bits) that can be carried by a time slot t as- 
signed to user i. Meanwhile, the length of a waiting packet (in bits) for user i at a time 
slot t is denoted by B, (t) , ie Git) . Then, the virtual DRC is defined as follows: 



» B*it) 

DRCi it) = DRCiit)- (1) 

^DSC; X) 

Depending on their lengths of waiting packets, all users are divided into two groups. 
A group of users i e Git) such that S,- (f) > it) is denoted by G'*' it) while their 

lengths of waiting packets are denoted by B/" it) . Meanwhile, a group of users 
ieGit) such that BXt)<Sj;)j(Q it) is denoted by G~it) while their lengths of waiting 
packets are denoted by BJ it) . In fact, G(r) = G^(f)uG“(t) . Depending on whether a 
user ieGit) belongs G'''(f) or G“(f), B*(f) in (1) is given as follows: 
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B* it) = min(Bj (f ), S drc. (0) = 



j s,-(0, 

PDSCj (0 



ieG~(t) 

ieG^(t) 



(2) 



In the proportional fairness scheduling step, a user j e G(t) such that 

J = argmax{Di?C, (t)/R,(f)} is selected for service in the current slot f. This is the same 

i 

step in the conventional scheme with only difference in that DRC is replaced with the 
virtual DRC. Once a user j is served in the current time slot f, its average transmission 
rate is updated by the following weighted average [2] : 



Rj(t)- 



1-1 
tr 



V 



j(t-l) + — DRC jit) 



(3) 



where is a weighting constant. For all other users ie G(t)\{j] , their average 
transmission rates are updated as follows: 



Rj(t) = 







(4) 



Once the average transmission rate is updated in Step 3, it goes back to Step 1 for 
repeating the same operation in the subsequent slot. 



Step 1 . / * Compute the virtual DRC * / 

/'isG-W/ 

DRC‘ (t) DRCi(t)- 

Sdrc,(‘) 

else / * 1 e G (r) * / 

DRC^t)^ DRCi(t) 

Step 2. / * Scheduling (Proprotio nal Fairness) for each time r * / 

Assign a slot ; such that j = argmax(zJ/?C*(r)//?j(r)) 
VieG(t) 

Step 3. / * Updat average transmiss ion rate * / 
r ^ t + 1 / * Go to the next slot * / 

/ * Update user j* / 

/ej(0 = | 1-— + — 






I * Update the other users i € G(r) \[j}* / 



^10 = ^1- 
Go to Step 1 






it-\) 



Fig. 3. Pseudo-code for virtual DRC-based packet scheduling algorithm 



Note that the proportional fairness scheduling in Step 2 can be replaced with any 
other scheduling scheme. For example, M-LWDF scheduling can be one possibility. 
It follows the different priority metric [3]: 

arg max{ 7 ; (f )W; (t)DRCi (f)} 



(5) 
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where yi(t) = Oj I Ri(t) with a, being the QoS parameter required by users and W, (r) 
is the delay of HOL packet experienced up to time slot f. Assuming that all the users 
have the same QoS requirements, we use the same value of a,- for all the users in our 
simulation. 

Figure 4 presents a simple example to illustrate how a performance of the proposed 
scheduling algorithm is compared to that of the existing one. In this example, we 
assume that DRCi(t) = 2,457.6kbps and DRC 2 U) = 1,228.8kbps. Furthermore, assume 
that there does not exist any MAC PDU waiting in the buffer before time slot 0, i.e., 
5i(0~) = £ 2 ( 0 ”) = 0 , and all the packets are arriving at the slot boundaries. The initial 
value of average transmission rates are artificially set by =1,228. 8kbps and 

j? 2 (t) = 614.4kbps. 



User 1: DRCj (t)= 2,457.6kbps User 2: DRCj (t)= 1,228.8kbps 





(a) MAC Packet Arravals 



X 1024 bits 



X 1024 bits 





(b) Proportional Fairness with DRC 



X 1024 bits 



X 1024 bits 





(c) Proportional Fairness with Virtural DRC 



Fig. 4. Illustrative example: Proportional fairness algorithms with DRC vs. Virtual DRC 

Figure 4(a) indicates the number of MAC packet arrivals at the beginning of each 
time slot for each user. Figures 4(b) and 4(c) show the number of bits served as time 
slot elapses for the proportional fairness scheme with DRC and virtual DRC, respec- 
tively. In case that a user has no packet to transmit in the buffer, a value of the corre- 
sponding priority is set to zero as shown in Table 2. In this example, it is shown that a 
completely different set of outcomes results from the different schemes. For example, 
a sudden arrival of a long MAC packet burst is differentially treated with the virtual 
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DRC as opposed to the conventional scheme. We note that it takes a total of 6 times 
slots to completely serve the packet arrivals in Figure 4(a) using the conventional 
scheduling scheme with DRC. Using the virtual DRC, however, it is reduced to 5 time 
slots. In other words, advantage of using the virtual DRC is obvious in this particular 
example. 

Table 2. Illustrative example: Proportional fairness algorithms with DRC vs. Virtual DRC 



(a) Proportional Fairness with DRC 



Time 

Slot 


User 1 


User 2 


Ri(f) 

(kbps) 


Priority 

Value 


# of bits 
served 


Ri{t) 

(kbps) 


Priority 

Value 


# of bits 
served 


0 


1228.80 


0 


0 


614.400 


2.00000 


2,048 


1 


1227.57 


2.00020 


1,024 


615.014 


1.99800 


0 


2 


1228.80 


1.99999 


0 


614.399 


2.00002 


2,048 


3 


1227.57 


2.00200 


1,024 


615.013 


1.99800 


0 


4 


1228.80 


1.99999 


0 


614.398 


2.00000 


2,048 


5 


1227.57 


2.00199 


3,072 


615.013 


0 


0 


6 


1228.80 


0 


0 


614.398 


0 


0 



(b) Proportional Fairness with Virtual DRC 



Time 

Slot 


User 1 


User 2 


Ri(f) 

(kbps) 


Priority 

Value 


# of bits 
served 


Ri{t) 

(kbps) 


Priority 

Value 


# of bits 
served 


0 


1228.80 


0 


0 


614.400 


2.00000 


2,048 


1 


1227.57 


0.50050 


0 


615.014 


1.99800 


2,048 


2 


1226.34 


1.00200 


2,048 


615.628 


0 


0 


3 


1227.57 


0 


0 


615.012 


1.99800 


2,048 


4 


1226.34 


1.50300 


3,072 


615.626 


0 


0 


5 


1227.57 


0 


0 


615.010 


0 


0 


6 


1226.35 


0 


0 


614.395 


0 


0 



4 Simulation and Results 

4.1 Simulation Model 

We simulate a cellular system to investigate delay and throughput performance of the 
proposed scheme. In order to avoid the boundary effect, we use a wrap-around struc- 
ture to form the multi-cell system with 37 hexagon cells (i.e., 3'“* tier) [5]. Transmis- 
sion power of the base station is maintained at 15 watts. The path-loss model follows 

L = 128.1-t37.61ogioR in dB. The shadowing fading factor 10*^* varies with both 
time and distance, where is a unit normal R.V., i.e., log-normal shadowing, and 
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S is the shadow fading standard deviation. Given the initial values { Zg , C/g }, { } is 

updated as follows: 

Z^^_j = (xZ^ + '\jl — oc U (6) 



where is a unit normal R.V. and the correlation a depends on the spatial dis- 
placement 

a = exp(-Ad / Dq) (7) 



where Ad is the distance moved in the time interval and Dq is the correlation dis- 
tance, which is given by 50m in this simulation. The moving speed of users is 40km/h 
with their positions and moving directions distributed uniformly over each cell. When 
users move to other cells, a hard handoff is supported. 

We assume the packet inter-arrival time T follows the Pareto distribution with shape 
parameter a and location parameter jS , i.e.. 



Fjit) = - 






1 - 



P 



V ' / 



if t<p 
if t> P 



( 8 ) 



The average packet inter- arrival time is given as follows: 



E[T] = 



aP 

a-1 



1 

I 



if a > 1 



( 9 ) 



where A is the average packet arrival rate. In our simulation, we assume that a =1.3 
and Z =0.075 packets/slot. For the distribution of a packet size, we use a realistic 
statistics found in the actual Ethernet system [6,7], which is given in Table 3. The 
Ethernet packet is fragmented into 1,024 bit MAC PDU with some padding bits added 
if necessary. Each simulation result is performed for 10,000 slots. All the system 
parameters used for simulation are summarized in Table 4. 



Table 3. Distribution of frame size 



Packet size 
(bytes) 


64 


128 


256 


512 


1,024 


1,518 


Probability 


0.6 


0.06 


0.04 


0.02 


0.25 


0.03 



Table 4. Simulation parameters 



Parameter 


Value 


Cellular layout 


Hexagonal grid; 
3"* tier 37cells 


Antenna pattern 


Omni-directional 


Cell radius 


1 km 


BS total power 


15 Watts 


Path loss model 


128.U37.61og(rf) 


STD of shadowing 


8dB 


Correlation distance 


50 m 


(Shadowing) 
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4.2 Simulation Results 

We first investigate the maximum possible gain that can be achieved by the proposed 
algorithm. Towards this end, we assume that all users are under their best possible 
channel conditions, i.e., DRCi(t) = 2,457.6kbps for all i. 




Fig. 5. Average throughput vs. the number of users 




Fig. 6. Average queuing delay vs. the number of users 

Figures 5 and 6 show the throughput (per cell) and delay performances of both the 
proportional fairness packet scheduling scheme and M-LWDF scheme with DRC and 
virtual DRC, respectively. In all the figures, the dotted line is used for one with virtual 
DRC while the solid line is for one with DRC. For the proportional fairness schedul- 
ing scheme, we find that one with virtual DRC always performs better both in average 
throughput and delay than the conventional one with DRC. Note that performance 
advantage is more significant with the larger number of users. When there are 16 
users, for example, a gain in the average throughput and delay with the virtual DRC is 
about 4% and 57%, respectively. Around 10 users, on the other hand, a corresponding 
gain in the average throughput is not much significant. However, an improvement in 
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the delay performance is still significant with the virtual DRC. It is attributed to the 
fact that the virtual DRC tends to increase the priority of a user with a longer packet 
under the worse channel condition, which subsequently can reduce the overall delay. 
For M-LWDF scheme, we consider real-time service traffic with a maximum allow- 
able delay of 300ms and thus, a packet will be dropped if its delay exceeds 300ms. 
We first note that all the schemes do not show much difference in the throughput 
performance, simply because an ideal channel condition is considered. 



Table 5. Packet drop rate for M-LWDF scheme 



The number of 
users 


Packet drop probability (%) | 


M-LWDF 
with DRC 


M-LWDF 
with Virtual DRC 


~ 12 


0 


0 


14 


0.026 


0.009 


16 


2.045 


1.875 



Figure 6 shows average delay performance for the different schemes with DRC and 
virtual DRC. The delay performance is significantly improved with virtual DRC for 
the proportional fairness scheduling scheme. However, we do not see much improve- 
ment for the M-LWDF scheme, since an effect of virtual DRC in (5) may be immedi- 
ately compensated by the waiting time VP . As far as the packet drop rate is con- 
cerned, we can still see some improvement with virtual DRC as shown Table 5. Also 
note that M-LWDF scheme is designed originally for providing QoS of the real-time 
service. Therefore, its relative effectiveness can be demonstrated only when the inte- 
grated services of real-time and non-real-time traffic are considered. Since we assume 
that traffic characteristics of all users are the same, that aspect cannot be captured in 
the current studies. In Figure 6, we merely attempt to capture the performance differ- 
ence of scheduling algorithms with virtual DRC and DRC. 

In Figures 7 and 8, we compare the performance of two different algorithms for 
non-real-time service, with DRC and virtual DRC, respectively. These algorithms 
include the proportional fairness (PF) and a simple max DRC scheme which serves 
one with the best channel condition in each time slot (i.e., not taking a fairness into 
account as opposed to the PF scheme). As far as average throughput and delay per- 
formance is concerned, the max DRC scheme always performs best under a relatively 
large number of users. As opposed to the PF scheme, however, it suffers from unfair- 
ness among all users. In contrast with the previous results in Figures 5 and 6, we con- 
sider a realistic channel environment with a shadowing fading and user mobility. 

As advantage of using virtual DRC become more significant with higher data rate, 
it is expected that the overall gain with virtual DRC will be less in this realistic set-up, 
as compared to the ideal environment considered for Figures 5 and 6. However, it is 
clear that one with virtual DRC still performs better than or equivalently to its coun- 
terpart with DRC. For the max DRC scheme, virtual DRC works better than DRC, 
simply because a highest possible data rate is always considered. 
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Fig. 7. Average throughput vs. the number of users 



CO 

E 



Q 

CL 

O 

< 



<n 

a> 

cc 




0 2 4 6 8 10 12 14 16 18 

The number of users 



Fig. 8. Average queuing delay vs. the number of users 



5 Concluding Remarks 

We found that a concept of virtual DRC was useful for dealing with the length-rate 
mismatch problem. It can be incorporated into any type of packet scheduling algo- 
rithm that reflects the channel condition into a part of priority metric. It has been 
demonstrated that the proportional fairness scheduling algorithm with virtual DRC 
can improve the average throughput and delay by about 4% and 57%, respectively, 
under the best possible situation using the proportional fairness algorithm. Mean- 
while, it is obvious that any packet scheduling algorithm with the virtual DRC can 
perform better than or equivalently to the conventional one with DRC. It only requires 
a minor modification of the existing algorithm while still conforming to the standard 
specification. 
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Abstract. This paper investigates the performance improvement of new chan- 
nel re-assigning scheme during the inter-system handover from 1.28 Mcps TDD 
mode. Two proposed structures describes the use of asymmetric time-slot allo- 
cation pattern and the combination of time-slot allocation pattern of traffic 
channel. Each proposed scheme can be applied to the handover scenario to 
UTRA/EDD mode and UTRA/TDD mode with 3.84 Mcps chip rate from 1.28 
Mcps TDD mode, respectively. Simulation results shows that the proposed 
structure attains the longer measurement time for target system to enhance the 
reliability of measurement and also increase the probability of successful syn- 
chronization. In conclusion, improvement of handover performance can be 
achieved by proposed scheme, but the impact from beam-forming and power 
control operation should be considered as a further study area. 



1 Introduction 

The third generation mobile communication systems will provide low to high data 
rate services with a maximum data rate of 2 Mb/s (Megabits per second). It also sup- 
port the multimedia services such as voice and video telephony, high-speed internet 
access, graphics and e-mail in parallel, etc. [l]-[3] 

One of the most important examples for such a system is the International Mobile 
Telecommuncations-2000 (IMT-2000) under standardization process by International 
Telecommunications Union (ITU). European Standard Telecommunications Standard 
Institute-Special Mobile Group (ETSI) has agreed on a third generation mobile radio 
access scheme, called Universal Mobile Telecommunications (UMTS). 

The UMTS Terrestrial Radio Access(UTRA) consists of two modes, a frequency 
division duplex (FDD) mode [4] and a time-division duplex(TDD) mode [5] [6]. 

Time-Division Duplex - Code Division Multiple Access (TDD-CDMA) system is 
based on a combination of TDMA and CDMA, which has become highly attractive 
for supporting multi-media services under micro/pico cell environments. 

Among these, we only considered the 1.28 Mcps TDD/CDMA system throughout 
this paper. 
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In this paper, we also considered the improvement of inter-system handover per- 
formance of 1.28Mcps TDD/CDMA system by re-assigning the channel allocation. 
The improved structure employs the re-assigning procedure of traffic channel to get a 
larger measurement time and also to enhance the probability of synchronization of 
target system. 

In section 2, the basic physical layer structure and general measurement procedure 
of 1.28 Mcps TDD/CDMA system are described. In section 3, conventional meas- 
urement scheme is introduced and detailed problem in the specific two cases are in- 
vestigated. In section 4, improved channel re-assigning strategy for inter-system 
handover are proposed in order to resolve these problems. In section 5, related simula- 
tion results of synchronization time and success probability are illustrated and detailed 
analysis are given. In section 6, conclusions and further study area are made. 



2 System Description 



In this section, we give a general description of 1.28Mcps TDD frame structure. All 
physical channels in 1.28Mcps TDD take three-layer structure with respect to time- 
slots, radio frames and system frame numbering (SFN). All physical channels need a 
guard symbols in every timeslot. The time slots are used in the sense of a TDMA 
component to separate different user signals in the time and the code domain. The 
TDMA frame has a duration of 10 ms and is divided into 2 sub-frames of Sms. The 
frame structure for each sub-frame in the 10ms frame length is the same. 



1.28]Vfcps 



DwPIS 

(96chips) 




Fig. 1. Structure of the sub-frame for 1.28Mcps TDD/CDMA system 

- Time slot #« (n from 0 to 6): the nth traffic time slot, 864 chips duration 

- DwPTS: downlink pilot time slot, 96 chips duration 

- UpPTS: uplink pilot time slot, 160 chips duration 

- GP: main guard period for TDD operation, 96 chips duration 

In Figure 1, the total number of traffic time slots for uplink and downlink is 7, and 
the length for each traffic time slot is 864 chips duration. Among the 7 traffic time 
slots, time slot#0 is always allocated as downlink while time slot#l is always allo- 
cated as uplink. The time slots for the uplink and the downlink are separated by 
switching points. Between the downlink time slots and uplink time slots, the special 
period is the switching point to separate the uplink and downlink. In each sub-frame 
of Sms for 1.28Mcps option, there are two switching points (uplink to downlink and 
vice versa). 
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Using the above frame structure, the 1.28Mcps TDD option can operate by prop- 
erly configuring the number of downlink and uplink time slots. In any configuration 
at least one time slot (time slot#0) has to be allocated for the downlink and at least 
one time slot has to be allocated for the uplink (time slot#l). 

In current specification [7] [8], idle timeslots without traffic can be used for inter- 
system and inter-frequency measurement for one UE. For low data rate service with 
only 1 uplink and 1 downlink, the example of idle time slots in conventional scheme 
is shown in Figure 2. Traffic channel allocation is the same in two sub-frames of one 
frame, which we call symmetric channel allocation. Gray colored time slots are traffic 
time slots, and white colored time slots are idle time slots for measurement. UE is not 
in transmission or reception state during 5 slots in each sub-frame. According to the 
timeslot numbers allocated to the traffic, this period can be split into two continuous 
idle intervals A and B. A is defined as the number of idle slots between the Tx and Rx 
slots of UE and B the number of idle slots between the Rx and Tx slots of UE. It is 
clear that Ah-B is equal to sum of 5 time slots and DwPTSH-GP-tUpPTS. 
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Fig. 2. Possible idle periods in a sub-frame with two occupied traffic timeslots in conventional 
scheme with symmetric time slot allocation 



3 Problem Description of the Conventional Scheme 

In this section, problems in conventional scheme are identified during FDD and 
3.84Mcps TDD measurement from 1.28Mcps TDD. 



3.1 Problem Description during FDD Measurement from 1.28Mcps TDD 

In order to synchronize with FDD when UE handover to FDD from 1 .28Mcps TDD, 
1 .28Mcps TDD UE should monitor Primary SCH (Synchronization CHannel) in order 
to get time slot timing, and monitor Secondary SCH of FDD to get frame timing [7]. 
For Primary SCH, PSC with length of 256 chips is the same for every cell in the sys- 
tem and transmits once every slot. For Primary SCH, separate short measurement 
window in conventional scheme may cause longer synchronization time than one 
longer measurement window in our proposed asymmetric pattern for time slot alloca- 
tion. For Secondary SCH, it repeatedly transmits a sequence of 15 SSCs with length 
of 256 chips every frame. Whenever we take traffic channel allocation in conven- 
tional scheme as described in Figure 2, the measurement window may be so short that 
at most two consecutive SSCs can be acquired with 0.5ms switching time in one 
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measurement window. Consequently, it may be possible that we can’t get enough 
timing information for synchronization with FDD, and the probability of successful 
handover will be decreased greatly. So we propose the asymmetric pattern for time 
slot allocation to improve the performance of FDD measurement from 1.28Mcps 
TDD. 



3.2 Problem Description during 3.84Mcps TDD Measurement 
from 1.28Mcps TDD 

In order to synchronize with 3.84Mcps TDD before handover to 3.84Mcps TDD from 
1.28Mcps TDD, 1.28Mcps TDD UE needs to monitor Primary SCH and Secondary 
SCH of 3.84Mcps TDD. There are 2 cases of SCH and P-CCPCH allocation in 
3.84Mcps TDD: case 1). SCH and P-CCPCH allocated in TS #k, k=0,l,...,14; case 
2). SCH allocated in two timeslots, TS#k and TS#k-i-8, k=0,l,...,6, and P-CCPCH 
allocated in TS#k. SCH consists of parallel of a primary and three secondary code 
sequences each 256 chips long. 

When 1.28Mcps TDD UE monitor the 3.84Mcps TDD, SCH in 3.84Mcps TDD 
can’t he acquired in current measurement window in 1.28Mcps TDD whenever the 
traffic channel in 1.28 Mcps TDD is aligned with SCH in the 3.84 Mcps TDD. It was 
depicted in Eigure 3 and Figure 4 which illustrate the problems of 1.28Mcps TDD UE 
during the synchronisation with 3.84Mcps TDD cell in case 1 and case 2, respec- 
tively. Even if the traffic channel in 1.28Mcps TDD may change, there is still the 
possibility of not being able to acquire SCH in 3.84 Mcps TDD, this event depends on 
the location to which traffic channels change. 

Based on the simulation results shown in the section 5, the probability of success- 
ful synchronisation in conventional scheme both in case 1 and case 2 is around 50 ~ 
60 %, which gives an unreliable synchronization performance, even if the result is 
acquired from the assumption of 0.2ms switching time. Hence, we propose the 
method of combination of time slot allocation pattern to increase the probability of 
successful synchronization with SCH in 3.84Mcps TDD. 

SCH in 3.84Mcps TDD in case 1 




Traffic channel allocation in 1.28Mcps TDD inconventional scheme 

□ SCH in 3.84Mcps TDD 

□ Traffic channel in 1.28Mcps TDD 

□ Idle time slot in 1.28Mcps TDD 



Fig. 3. Problem identification in case 1 during monitoring 3.84Mcps TDD cell 
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SCH in 3.84M:ps TDD in case 2 




Traffic channel allocation in 1.28M:ps TDD in conventional scheme 

□ SCH in 3.84M;ps TDD 

□ Traffic channel in 1.28M;ps TDD 
n Idle timeslot in 1.28M;ps TDD 

Fig. 4. Problem identification in case 2 during the monitoring 3.84Mcps TDD cell 




1 switching point 
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2 switching point 
in odd sub-frame 



timeB 



Fig. 5. Proposed asymmetric time slot allocation pattern 



4 Proposed Scheme 

In this section, our proposed schemes are introduced in order to improve the handover 
performance during inter-system measurement from 1.28Mcps TDD. One is the use 
of an asymmetric pattern for time slot allocation to improve FDD measurement, and 
the other is the use of a combination of different time slot allocation pattern to im- 
prove 3.84Mcps TDD measurement. 

4.1 Asymmetric Pattern for Time Slot Allocation 

In one frame, the first sub-frame is called as even sub-frame, and the second sub- 
frame as odd sub-frame. In asymmetric channel allocation pattern, channel allocation 
is different in two sub-frames of one frame. In even sub-frame, downlink traffic chan- 
nel is re-assigned to TSO, and uplink traffic channel is re-assigned to TSl; in odd sub- 
frame, downlink traffic channel is re-assigned to the timeslot just after the second 
switching point, and the uplink traffic channel to the timeslot just before the second 
switching time. So inter-system measurement can be done during all idle time slots 
(Ah-B) in one 10ms frame as depicted in Figure 5. 
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Fig. 6. Comparison of the measurement window length between symmetric and asymmetric 
time slot allocation pattern. 



Figure 6 shows the comparison of measurement length of two schemes. It is ob- 
served that proposed asymmetric allocation pattern provides larger measurement 
window than conventional scheme. Related simulation results are shown in section 5. 



4.2 Combination Method of Different Time Slot Allocation Pattern 

Combination of different time slot allocation pattern means that traffic channels is re- 
assigned according to some predefined time slot allocation pattern in a frame basis 
periodically when 1.28Mcps TDD UE performs inter-system or inter-frequency 
measurement: 

frame: pattern A, 2"“* frame: pattern B, frame: pattern A, 4* frame: pattern B. 
This assignment repeats periodically 

Here pattern A or pattern B refers to one kind of traffic time slot allocation in one 
frame. 

Figure 7 is an example of such combination of different time slot allocation pat- 
tern. Pattern A is configured as TS3 for UL, TS4 for DL; 

Pattern B is configured as TSl for UL, TS6 for DL; 

frame: TS3 for UL, TS4 for DL, 2"^ frame: TSl for UL, TS6 for DL, 

3'd frame: TS3 for UL, TS4 for DL, 4* frame: TSl for UL, TS6 for DL. 

This assignment repeats periodically. . . . 

By changing the position of measurement window every frame, the probability of 
acquiring SCH in 3.84Mcps TDD can be greatly increased. Related simulation results 
in section 5 shows that this kind of pattern combination can guarantee higher or per- 
fect (100%) probability of SCH detection in 3.84Mcps TDD. 
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Fig. 7. An example of combination of different time slot allocation pattern 



5 Simulation Results 

In this section, simulation assumptions and simulation results of measurement per- 
formance are given by using conventional scheme and proposed schemes. 



5.1 Simulation Assumptions 

• Timing information between 1.28Mcps TDD and FDD/3. 84Mcps TDD is not 
known before measurement. 

• Timing alignment between FDD/3. 84Mcps TDD and 1.28Mcps TDD is random, 
and obeys uniform distribution. 

• Step size of timing alignment during simulation is lOchips of 1.28Mcps TDD. 

• Low data rate traffic with only 1 uplink and 1 downlink is considered for one UE. 

• Node B is assumed to use 3 uplink time slots (TSl, TS2, TS3) and 4 downlink time 
slots (TSO, TS4, TS5, TS6) time slot allocation structure in one sub-frame in the 
simulation. 

• Channel allocation to each time slot is uniform for the conventional scheme,. 

• SCH of FDD is considered for FDD monitoring procedure. First, Primary SCH is 
monitored. Synchronization is considered successful when 75 SSCs, 150 SSCs, or 
225 SSCs are acquired. Secondary SCH will be monitored after synchronization 
with Primary SCH is successful. 

• SCH of 3.84Mcps TDD is considered for measurement. First, Primary SCH is 
monitored. Second, Secondary SCH will be monitored after synchronization with 
Primary SCH is successful. Successful synchronization is considered when both 
synchronizations are successful. Synchronization time is calculated from acquiring 
one PSC and one group of SSCs. 

In the case of FDD, 0.5ms synthesizer switching time is considered. And for 

3.84Mcps TDD measurement case, 0.2ms ~ 0.5ms synthesizer switching time is con- 
sidered. 
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5.2 Performance Improvements by Using Asymmetric Pattern 
for Time Slot Allocation 

Simulation results of monitoring Primary SCH and Secondary SCH are given sepa- 
rately by using conventional scheme and our proposed asymmetric pattern for time 
slot allocation. 

Table 1 and Table 2 show the simulation results of average synchronization time, 
maximum synchronization time and minimum synchronization time for synchroniza- 
tion with primary SCH. 



Table 1. Synchronization time of monitoring Primary SCH by using conventional scheme 



Number of cons- 
ecutive SSCs 


Average Sync, time 
(ms) 


Max. Sync, time 
(ms) 


Min. Sync, 
time (ms) 


75 PSCs 


149.4 


248.6 


107.2 


150 PSCs 


299.7 


498.6 


212.2 


225 PSCs 


451.2 


748.6 


322.2 



Table 2. Synchronization time of monitoring Primary SCH by using proposed asymmetric 
pattern for time slot allocation 



Number of cons- 
ecutive SSCs 


Average Sync, 
time (ms) 


Max. Sync, 
time (ms) 


Min. Sync, 
time (ms) 


75 PSCs 


106.1 


124.1 


104.1 


150 PSCs 


217.0 


244.1 


214.1 


225 PSCs 


328.8 


374.1 


324.1 



From Table 1 and Table 2, it can be observed that synchronization time with Primary 
SCH will be decreased by about 30% by using asymmetric pattern for time slot allo- 
cation compared to the conventional scheme. 

In Table 3, it is described that a percentage of number of SSCs can be acquired in 
conventional scheme and asymmetric pattern for time slot allocation in order to make 
comparison. In asymmetric pattern for time slot allocation, 6 or 7 consecutive SSCs 
can be acquired whenever we monitor SCH. But in conventional scheme, 1, 2, 3, or 4 
consecutive SSCs can be acquired. It means that the longest one is the acquisition of 4 
consecutive SSCs. This results shows that the proposed scheme can increase the reli- 
ability of synchronization of SSCs in Secondary SCH of FDD. 



Table 3. Percentage of number of SSCs can be acquired in conventional scheme and asymmet- 
ric pattern for channel allocation 





Percentage of number of SSCs which can be acquired 


Acquired 
consecutive SSCs 


Conventional scheme 


Proposed scheme 


1 


17.8% 


- 


2 


46.0% 


- 


3 


24.7% 


- 


4 


11.5% 


- 


6 


- 


9.0% 


7 


- 


91.0% 
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From Table 3, it can be observed that 1.28Mcps TDD UE can get more consecutive 
SSCs by using asymmetric pattern for time slot allocation compared to the conven- 
tional scheme when monitoring secondary SCH. 



5.3 Performance Improvement by Using Combination 
of Time Slot Allocation Pattern 

Simulation results of monitoring SCH both easel and case2 in 3.84Mcps TDD are 
given separately for the different time slot allocation pattern. 

Table 4 shows the comparison of successful sync, probabilities of being able to 
acquire SCH in case 1 of 3.84Mcps TDD and in this proposed scheme, the examples 
of combination of time slot allocation pattern described in section IV was used to 
evaluate. 



Table 4. Successful sync, probability of SCH in case 1 between conventional scheme and 
proposed scheme according to the variation of different switching time. 





Successful sync, probability | 


Switching time 


Conventional scheme 


Proposed combination method. 


0.2ms 


52.89 % 


100% 


0.3ms 


46.76 % 


100% 


0.4ms 


40.87 % 


92.35 % 


0.5ms 


34.86 % 


83.22 % 



From Table 4, we can see that the probability of being able to acquire SCH in 3.84 
Meps TDD is greatly increased by using the combination of time slot allocation pat- 
tern in case 1. It also attains perfect(100%) sync, probability when the synthesizer 
switching time is 0.2ms or 0.3ms. 

Table 5 also shows the comparison of successful sync, probabilities of being able 
to acquire SCH in case 2 of 3.84Mcps TDD. 



Table 5. Successful sync, probability of SCH in case 2 between conventional scheme and 
proposed scheme according to the variation of different switching time. 





Successful sync, probability | 


Switching time 


Conventional scheme 


Proposed combination 
method. 


0.2ms 


62.92% 


100% 


0.3ms 


56.79% 


100% 


0.4ms 


50.78% 


100% 


0.5ms 


44.50% 


97.50% 



From the Table 5, it is also observed that the probability of being able to acquire 
SCH in 3.84 Meps TDD is also greatly increased by using the combination of time 
slot allocation pattern in case 2. It also achieves the perfect(100%) sync, probability 
when the synthesizer switching time is less than 0.4 ms. 
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6 Conclusion 

We examined the performance improvement of inter-system handover of 1.28 Mcps 
TDD/CDMA system by using the channel re-assigning procedure during the meas- 
urement of target system. One proposed structure is the use of asymmetric time-slot 
allocation pattern during the measurement procedure. It was shown that proposed 
structure achieved the significant reduction of total synchronization time to acquire 
the Primary SCHs and a reliable number of Secondary SSCs when the handover to the 
UTRA FDD mode is assumed. 

The other proposed structure is the use of combination method of different time 
slot allocation pattern. This can be effectively utilized in case of the handover to 3.84 
Mcps TDD mode. Simulation results evaluated that the proposed structure attained 
the remarkable increase of the successful sync, probability in both easel and case 2 
scenarios in 3.84 Mcps TDD mode. 

However, the possible impact of channel-reassigning to current beam-forming and 
power control operation in 1.28 Mcps TDD/CDMA system and optimized combina- 
tion pattern generation of different time slot can be considered as a further study 
areas. 
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Abstract. High speed downlink packet access (HSDPA) is an advanced pro- 
posal in 3GPP framework to ensure high peak and average packet data rate. H- 
ARQ is a promising technique that can improve system performance signifi- 
cantly in HSDPA, and much research work has been done in the study of its cell 
throughput performance. However, in this paper packet call throughput com- 
parison between Chase combining and conventional ARQ is emphasized for 
web browsing service in UTRA TDD HSDPA. From analysis it can be seen that 
the improvement of H-ARQ on packet call throughput is related to system load. 
Based on the analysis the ways to guarantee QoS is also discussed. Using a dy- 
namic system simulator for UTRA TDD HSDPA, simulation results are ob- 
tained and confirm the analysis. 



1 Introduction 

Mobile telephony and the Internet are two fastest growing business in the telecommu- 
nication market. It is reasonable that users will expect to access Internet using a mo- 
bile. For data service, the data rate is an important factor that affects the quality of 
service (QoS). To accomplish high data rate, several advanced proposals have been 
being developed in different mobile communication standardization organization, e.g. 
HSDPA[1] in 3GPP, HDR [2] and IXTREME [3] in 3GPP2. 

HSDPA is the advanced proposal being developed in 3GPP framework to ensure 
high peak and average data rate up to 8-10 Mbps. Several new techniques are in- 
cluded in HSDPA, e.g. adaptive modulation and coding (AMC), hybrid automatic 
repeat request (H-ARQ), fast packet scheduler. 

H-ARQ is an implicit link adaptive technique that can greatly improve the per- 
formance of HSDPA. It uses a combination of forward error correction (EEC) and 
automatic repeat request (ARQ) for efficient transmission of data. There are two main 
schemes for implementing H-ARQ. They are Chase combining, where each retrans- 
mission is identical to the original transmission, and incremental redundancy (IR) 
where each retransmission consists of new redundancy bits from the channel encoder. 
It shows in [4,5,6] that IR can only improve cell throughput very slightly comparing 
with Chase combining. So only Chase combining is studied to show the improvement 
of H-ARQ in this paper. To date, most notice is concentrated in the study of cell 
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throughput enhancement of H-ARQ. However, packet call throughput is also an im- 
portant metric of system performance as well as cell throughput, since it is an impor- 
tant factor of QoS in packet data service. In this paper, packet call throughput is ana- 
lyzed for web browsing service, and the improvement of Chase combining on packet 
call throughput is studied. From the analysis, it can be seen that the improvement of 
H-ARQ on packet call throughput is related to system load. In addition, the ways to 
guarantee QoS is also discussed. 

In 3GPP, the third generation mobile radio system UTRA has two modes: FDD 
and TDD. In UTRA TDD, a pair of bands is not necessary which is the case in UTRA 
FDD, and asymmetric traffic can be supported efficiently. This characteristic makes 
TDD fit the concept of HSDPA, which is used for high data rate service in downlink, 
very well. In this paper, a dynamic system simulator for UTRA TDD HSDPA is mod- 
eled and simulation results demonstrate our analysis. 

The paper is organized as follows. Analysis of packet call throughput in web 
browsing service, including the effect of H-ARQ, is presented in section II. Modeling 
of UTRA TDD HSDPA is discussed in section III. Common system model are given 
in section IV. Simulation results are given in section V and conclusions are drawn in 
section VI. 

2 Analysis of Packet Call Throughput 

The analysis is focused on web browsing service. In [1] and [7] a model of web 
browsing is given as Fig. 1 . 



The instans of packet arrivals 
to base station buffer 





A packet call 

fml i i ii i ii 

4 



A packet service session 



First packet arrival 
to base station buffer 



Last packet arrival 
to base station buffer 



Fig. 1. Model of a web browsing service session 



In this model a typical web browsing session consists of a sequence of packet calls. 
The user initiates a packet call when requesting an information entity for web 
downloads or similar activities. During a packet call several bursty packets may be 
generated. The burstyness during the packet call is a characteristic feature of packet 
transmission in the fixed network. 

In a web browsing session a packet call corresponds the downloading of a WWW 
document. After the document is entirely received by the terminal, the user will con- 
sume certain amount of time to study the information. This time interval is called 
reading time. 
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Packet call throughput is defined as: 
1 



PacketCallThroughput = 



Num.pktCalls 

- S 

Num.pktCalls 



BitslnPKTCall. 
ActiveTimeOfPKTCall . 



where the active time of a packet call is the period when there are still some data not 
received. It is obvious that reading time is not included in the active time of a packet 
call. So the following approximation in Fig. 2 can be got. 



Packet call time (TA«,vt) 



Reading time (Tr) 



Total time (Tiotai) 
Fig. 2. Packet call 



It is notable that the last packet call in a web browsing session is not followed by 
reading time. However the approximation in Fig. 2 is accurate enough because the 
number of packet calls in a session is usually much larger than 1 . 

When there are lots of users served by the system, which means that nearly no radio 
resources are wasted, the following equations hold from long-term statistical average 
point of view. 

T N (1) 

Active ^ Active ' 

T N 

^ Total ^ ’ Total 

where in each cell NTotal is the total number of users, and NActive is the number of 
active users who is served during the period of a packet call’s active time. Here, the 
burstyness of the user arrival process in the system is not remarkable because of the 
high load. 

If round-robin algorithm and fat-pipe scheduling, which are modeled in section III, 
are used, the following equations hold: 

T = P ■ N T (2) 

^ Active ■* ’ Active ^ I 



T +T 

Active r 



p. M .T j-T 

^ Active 



(3) 



where P is the number of sent packets for a user during a packet call and TI is the 
duration of a packet transmission, i.e., one frame in UTRA TDD HSDPA. 

Based on equations (1)(2)(3), average packet call throughput tp is deduced as: 



b 

tp = 

T 

Active 



b 



(4) 



where b is the correct received bits for one user in a packet call. Since it only depends 
on the traffic model, b is the same for both Chase combining and conventional ARQ. 
Because the system is highly loaded, it is assumed that NTotal is large enough to 
make P ■ • 7) - 7; > 0 in (4). 

When the total number of users (NTotal) is the same for both ARQ schemes, the 
gain of Chase combining on average packet call throughput is got as 
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(5) 



Gam = ^ - 1 = ^ 

Wo Pi-Ntou.i-T,-T^ 

where subscript 1 stands for Chase combining and 0 for conventional ARQ. P is de- 
termined as 



p- b (6) 

S-(l-R) 

where S is the average size of sent packets. When AMC is used, S is determined by 
interference situation in the system; with less interference, AMC can adopt higher 
data rate and send larger packets. R is the average retransmission rate defined as 

r.= 1 -CorrectReceivedPackets/T otalSentPackets (7) 



R = 



S'-. 

t=l 

M 



(8) 



where M is the total number of packet calls and ri is the retransmission rate of the ith 
packet call. 

When the system is highly loaded, the system is so busy that all the available re- 
sources are allocated to users. Even if more users are allowed to access the system, 
the interference situation will keep stable. And Rl and RO, the average retransmission 
rates of Chase combining and conventional ARQ, will be steady. Also the average 
packet size S will be nearly unchanged. It can be observed that in (4) and (5), the only 
variable is NTotal. When NTotal increases, the average packet call throughput and the 
gain of Chase combining on packet call throughput will decrease. And their decline is 
faster than the ascent of NTotal, especially when P ■ Tj—T^ is not much larger 
than zero. 

When the system is not highly loaded, NTotal is not so large, and P ■ Tj—T^ 
is nearly zero or even less than zero. The equation (4) does not hold any more because 
the minimum NActive is 1 . So the upper bound of average packet call throughput is 
got as 



Furthermore, at this time the burstyness of the user arrival process becomes remark- 
able; sometimes there may be several users to share the resources, and sometimes 
there may be no active users. So the interference situation is not the same as that when 
the system is highly loaded. P will usually be less because of larger S and less R. 

It is well known that when the system is saturated, cell throughput can not be im- 
proved by more accessed users. From equation (4) it can be seen that average packet 
call throughput will be even degraded steeply by higher load. If QoS is expected to be 
guaranteed for some users, the number of accessed users in the system should be 
controlled. The best situation occurs when P-Nj^,^fTj -7^ is nearly zero. NTotal can 
be got as 
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( 10 ) 

At this time, cell throughput is approaching the maximum value, and average packet 
call throughput is also very high. It is the best for both operators and users. Moreover, 
equation (5) shows that the average packet call throughput gain of Chase combining is 
approaching the maximum value. Admission control is the simplest way to control the 
number of accessed users as in (10). 

However, if only admission control is used to guarantee QoS, some users may be 
forbidden to access the system when the load is high. If it is expected that all of the 
arrivals be served by the system, packet scheduler can work better. For new arrivals, 
QoS should not be promised, and they are served with lower priority. In this way, 
packet scheduler can also guarantee QoS of those users to whom high class of QoS is 
promised. 



3 Modeling for UTRA TDD HSDPA 

In UTRA TDD HSDPA, for the purpose of fast process, a part of MAC, which is 
called MAC-hs, is moved from radio network controller (RNC) to base station. It 
includes the functions of AMC, H-ARQ and fast packet scheduler. 

The modeling of UTRA TDD HSDPA is based on a dynamic system simulator [8]. 



3.1 H-ARQ 

In the dynamic system simulator [8], a two-step mapping method based on [9] is used 
to implement an actual value interface (AVI) for UTRA TDD between system level 
simulation and link level simulation. In this model, data is generated in the link level 
simulation so that first SIR is measured for a slot and mapped to a raw BER. Then 
average of raw BER values obtained during an interleaving frame is calculated and 
mapped to BEER. By doing so, two look-up tables are generated. In the system level 
simulator, SIR is correspondingly calculated and mapped to raw BER. Interleaving is 
modeled by calculating mean raw BER and mapping it to BEER. 

Chase combining retransmits the same coded packet if the original transmission is 
erroneous. It will combine multiple received copies of the coded packet weighted by 
the SIR prior to decoding. So a little change is necessary in the modeling of AVI for 
chase combining. The SIR values of several transmissions for the same packet, in- 
cluding the original transmission and the retransmissions, are summed. The sum is 
mapped to raw BER, then mean raw BER is mapped to BEER. 

N-channel stop and wait (SAW) instead of selective repeat (SR) is used in H-ARQ 
because of its simplicity. When an acknowledgement is waited for a user’ s transmis- 
sion, other instantiations of H-ARQ protocol are run to serve other users. 

3.2 Fast Packet Schedulers 

In UTRA TDD HSDPA, fat-pipe scheduling is adopted, which treats all the available 
resources for HS-DSCH as a single data pipe and schedules users in a time- 
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multiplexed fashion. To simplify the signaling, only one user is served in a transmis- 
sion time interval (TTI). 

Round-robin (RR) algorithm is used in the following simulations. In this algorithm, 
all of the users are served in a round-robin fashion, and the system can not re-service 
a user until it services all the other users. However, this algorithm is only effective for 
the transmission requests in the same queue. There are two queues in the system. The 
one with low priority is for original transmissions, and the other with high priority is 
for retransmissions. Packets from the low-priority queue may only be transmitted 
after the high-priority queue is empty. Retransmissions have higher priority than 
original transmissions, so the delay of a packet through the air interface can be mini- 
mized. 

For each transmission, constant power is used for HSDPA service. From [10] it 
shows that data rate adaptation with constant power will make little performance loss 
comparing with the optimum process, which adjusts data rate and power simultane- 
ously. Constant power emission for each transmission makes the interference change 
in the system much more moderate. And measurements are more accurate for MCS 
selection. In reverse, system throughput will be improved. 



3.3 AMC 

AMC is a technique of link adaptation and provides coarse data rate adaptation. It 
changes the modulation and coding scheme (MCS) in accordance with variations in 
the channel conditions, which are got from the measurement reports of the terminals. 
For each MCS level, there are two SIR thresholds, top threshold and bottom thresh- 
old, which are determined by the expected block error rate (BLER). These thresholds 
separate the range of measured SIR into several regions, where the corresponding 
MCS level will be chosen. The number of codes can be changed from 1 to 14, which 
are the available codes for UTRA TDD HSDPA, to make fine tuning control. 



4 Common System Model 

The simulated scenario is indoor environment presented in Fig. 3. All of the ten base 
stations, controlled by one RNC, are in the same floor. More parameters can be found 
in Table 1. 




Fig. 3. Indoor scenario 
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Table 1. Indoor scenario parameters 



Building size 


100 X too m 


Room size 


20 X 20 X 3 m 


Number of rooms 


20 


Corridor size 


10 X 100 X 3 m 


Number of corridors 


2 



Table 2. Parameters for traffic model 



Process 


Random 

Variable 


Parameters 


Packet Calls Size 


Pareto with 
cutoff 


A=l.l, k=4.5 Kbytes, m=2 
Mbytes, p = 25 Kbytes 


Time Between Packet 
Calls 


Geometric 


p = 5 seconds 


Packet Size 


Deterministic 


1500 octets 


Packets per Packet Call 


Deterministic 


Based on Packet Call Size 
and Packet MTU 


Packet Inter-arrival 
Time 


Geometric 
(open loop) 


M = 6 ms 



Indoor mobility model is used and parameters are set according to [7]. Mobile speed 
is 3km/h. Ratio of mobiles in office rooms is 80%. Mean stationary time in office 
room is 30 seconds. 

The Motley-Keenan propagation model is used to model indoor path losses. This is 
an empirical model that takes into account the attenuation due to walls and floors on 
the way from the transmitter to receiver. The path loss predicted by this model is 

j I 

^^p,co = A) + 10-«-log(T) + ^A^,,L„^^ (11) 

j=i ;=i 

where LO denotes the loss at the reference point (at Im), n is the power decay index 
and X represents the transmitter to receiver path length. Nwj and Nfi denote the num- 
ber of walls and floors of different kinds that are traversed by the transmitted signal. 
Lwj (dB) and Lfi (dB) represent their corresponding loss factors. The proposed values 
for these parameters are LO = 37dB, Lf = 20dB, Lw = 6.9dB and n =3. 

Traffic model is shown in Fig. 1. The parameters are set according to [1], shown in 
Table 2. 
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Minimum coupling loss in the simulations between different transmitters and re- 
ceivers is -38 dB. Slow fading is assumed to be correlated between sites and the cor- 
relation factor is set to be 0.3. Slow fading deviation of 12 dB is used. Correlation of 
5 meters is assumed for the slow fading process. The channel with single path 
Rayleigh fading is used. System noise for down link is assumed to be -99 dB. 



5 UTRA TDD HSDPA Simulations 

In the simulations 5 MCS levels are used as presented in Table 3. MCS selection 
follows the model in section III. Every 10 milliseconds channel condition will be 
measured once, and the feedback delay is assumed to be 10 milliseconds. Averaged 
by a filter whose window size is 10, the measurements are used for MCS selection. 
No measurement error is included. Round-robin algorithm and fat-pipe scheduling are 
used in fast packet scheduler. The available resources for UTRA TDD HSDPA are 14 
codes in 13 slots. TTI length is 10 milliseconds. For H-ARQ, 2-channel SAW is used 
in the simulations. 



Table 3. MCS Levels 



MCS Level 


Modulation 


Turbo Code Rate 


1 


QPSK 


1/4 


2 


QPSK 


Vi 


3 


QPSK 




4 


16QAM 


Vi 


5 


16QAM 





In the simulations, when a web browsing session ends and the user disconnect from 
the network, another user will be generated and start a new session at once. So the 
total number of users in the system is static. 

Cell throughputs of the two kinds of ARQ, Chase combining and conventional 
ARQ, are compared in Fig. 4. It can be seen that the cell throughput gain of Chase 
combining is rather small when the system load is low. At this time there are still 
some free radio resources in the system. And the BLER is low because of good inter- 
ference situation. So Chase combining can not provide great improvement by combin- 
ing several transmissions. The figure shows that cell throughput reaches a floor after 
the number of users is larger than 500. It means that when the system is saturated, 
more accessed users can only increase system throughput very slightly. 

Fig. 5 shows the cell throughput gain of Chase combining compared to conven- 
tional ARQ. It can be seen that the gain remains nearly stable, about 14%, when the 
number of users is larger than 500. 

Packet call throughputs of the two kinds of ARQ are compared in Fig. 6. It shows 
that packet call throughput decreases, as expected in (4), with the increasing number 
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of users. Since more and more users share the system resources and the interference 
situation in the system gets worse. In the medium part of the curve, packet call 
throughput decreases steeply with the increasing number of users. 




Fig. 4. Cell throughput comparison 




2 



0 ■ 
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Static nuntterofscribers 



Fig. 5. Cell throughput gain of chase combining 




Static number ofusers 



Fig. 6. Packet call throughput comparison 
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Fig. 7 shows the gain of Chase combining on average packet call throughput com- 
pared to conventional ARQ. It is interesting that the gain has a peak point. This may 
be explained as following. When the number of users is small, the benefit of Chase 
combining is not evident because of low BLER. When the system load increases, 
BEER ascends because of higher interference, and the improvement of Chase com- 
bining rises. When the system is highly loaded, equation (5) explains the decrease of 
packet call throughput gain. Fig. 7 shows that when the number of users is about 500, 
the maximum packet call throughput gain, nearly 50%, is got. 
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Fig. 7. Packet call throughput gain of chase combining 

The simulation results above confirm the analysis in section III. The QoS can be 
better guaranteed by admission control, which controls the number of users, or packet 
scheduler, which controls the data rate of those new arrivals. 



6 Conclusions 

In this paper the improvement of Chase combining in UTRA TDD HSDPA was stud- 
ied. Dynamic system simulator modeling UTRA TDD HSDPA was presented. The 
improvement of chase combining on packet call throughput was especially empha- 
sized. Two new ways to guarantee QoS were also discussed. 

This paper shows that the gain of Chase combining on cell throughput can reach 
14% compared to conventional ARQ. But the gain on average packet call throughput 
can reach 50% if the load is appropriate. The simulation results show that for web 
browsing service the appropriate load is about 50 users per cell in the modeled indoor 
scenario. 

Packet call throughput is an important metric for the system performance as well as 
cell throughput. When the system is saturated, more accessed users only improves cell 
throughput very slightly, but degrades packet call throughput greatly. This paper 
shows that the packet call throughput can be better guaranteed by admission control, 
which controls the number of accessed users in the system. By controlling the data 
rate of later arrivals, packet scheduler can also be used to satisfied QoS of the early 
arrivals. 
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Abstract. In this paper, performance of smart antenna in multipath macrocell 
environment is studied. The system capacity and coverage of TD-SCDMA sys- 
tems in the macrocell environment are studied and simulated without/with base 
station smart antenna which is used for dynamic channel allocation, beam 
forming and power control. System capacity and coverage of TD-SCDMA sys- 
tems are found to be enlarged greatly by smart antenna. There exist many 
tradeoff issues that deserve careful planning between cell coverage, capacity, 
mobile user’s maximum transmit power and number of smart antenna elements. 
For areas with different mobile user density, smart antennas with different ele- 
ments are to be implemented to reduce costs. 



1 Introduction 

TD-SCDMA, with both CDMA and TDD features, is an important branch in the IMT- 
2000’ s family. It includes some key technologies to increase system capacity and 
meet the requirements of different services. Smart antenna technology has been inte- 
grated into the TD-SCDMA standard as an indispensable part, and has become the 
core of successful operations of the whole system, such as baton handover and uplink 
synchronization control. With the element spacing less than half of the wavelength, 
smart antenna is very effective to reduce the co-channel interference by forming very 
narrow pointing beam to each user. It can also effectively collect multipath compo- 
nents to combat multipath fading. When used appropriately, it can help to increase the 
number of active users for a given BER threshold, to reduce the transmitting power of 
the mobile user and base station and to increase the coverage of base station. 

This paper concentrates on the uplink capacity and cell coverage of TD-SCDMA 
system with smart antenna at the base station. It is organized as follows. Introduction 
is made in section I . In section 2, a multicell system model is given whose capacity is 
studied and simulated. In section 3, the average output SINR of smart antenna is de- 
rived in multipath macrocell environment. Capacity increase and cell coverage en- 
largement are discussed in section 4. Simulation is illustrated and results are discussed 
in section 5. It is concluded in section 6. 
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2 CDMA System Model 



In macrocell environment, we assume all the hexagonal cells are of the same size. 
There are K simultaneous users in the cell (one timeslot) in uniform distribution with 
spreading factor G and common chip rate 1/Tc. Uniform circular smart antenna is 
deployed at the base station with antenna elements. System noise is N. We assume 
the perfect power control and user signal arrives at base station with same power P. 
Voice activity factor is CC . 

The impulse response from the k-th user to the base station antenna elements is ex- 
pressed as, 

K(T^)= 1 ai,.S(T-lTc), ( 1 ) 

;=o 

where Lp denotes the number of the multipath, ’ denoting 

the channel response vector of the 1-th multipath of the k-th user at the base station 
antenna array. d(T)is the impulse function and [ denotes matrix transposition. 

We assume Rayleigh fading environment, the channel response vector 

L -1, K, M, ^ . , . , , 

{a Ik ml 1=0 k=\ m=i are zero mean Gaussran random variables. 



E{% 



J = < 



( 2 ) 



0 , or j 

l = i, k = j 

where (•)* denotes conjugate, denotes the second moment of the random ampli- 
tude attenuation of the first path. With the decay factor the strength of each path 



is defined. The probability density function of 

fiix) = — 

Since we assume perfect power control, we have 



*n,m 



can be expressed as. 



} (^> 0 ). 



P= 



l-e" 






( 3 ) 



( 4 ) 



3 Smart Antenna in Multipath Macrocell Environment 

We consider the uniform circular smart antenna array, with antenna spacing being X/2. 
Assuming perfect beam forming, side lobe effect is neglected for simplicity. Since 
smart antenna utilizes multipath signals within one chip duration, for the above given 
channel model, only the strongest multipath signal is received. The distribution of 
AOA does not matter much because according to table 1, in macrocell environment, 
angular spread is small compared with the main beam width. It’ s much different from 
indoor environment where the multipath angular spread is much greater and more 
accurate calculation is needed. 

Several criteria can be used to get the weight vector for strongest multipath ele- 
ment of the desired user 1, such as maximum SINR, minimum MSE, maximum SNR 
and minimum variance distortionless response criterion. We use DOA information to 
point the main beam to the strongest multipath. 




86 Shuangfeng Han et al. 



Table 1. Typical multipath channel parameters 



environment 


cell type 


delay 

spread (us) 


angle 
spread (°) 


Flat rural 


Macro 


0.5 


1 


Urban 


Macro 


5 


20 


Hilly 


Macro 


20 


30 


Dense urban 


Micro 


0.3 


120 


indoor 


Pico 


0.1 


360 



In Rayleigh fading environment, the strongest multipath used by smart antenna 
may come from any of the Lp multipath elements. Now we study the average power 
of the desired user’s strongest multipath element utilized by smart antenna. We use 
\jfj\ to denote the channel response of the strongest multipath element, 
|}>,^|=max{|aj^ ^|, \u 2 j „,|, ... , \a^p i ^1 }■ smart antenna system, spacing between 
antenna elements is small enough that the signals received are correlated. We deem 
the strongest signal on one antenna element is also the strongest on other antenna 
elements. Using probability distribution function of ^|, we derive the prob- 
ability distribution function of \jij\ in (5) and in (6), 

Fy(x)= Ff^ix) Fj(x) F 2 (x)... F^^pjx), (5) 

¥y. (x)= Fg( 4x )Fj(4x )F2(4x )... FppJ 4x ) . (6) 

The expectation of \yu'^ is expressed as 



E(lyuh= x[Fy{x)) dx =M(Lp, y/)Q^, 
where M(Lp, y/ ) is a function of parameters Lp and If/ . When Lp=3, 



M(Lp,y/)= 1+^- 



1 



- + 



1 



l+e^'^ l+d'+e^ 



(7) 



( 8 ) 



We assume the effective width of the main lobe is Wq. When user number is large 
enough, the interference received by smart antenna can be approximated as 
^o(^inter intro)! . It cau be derived that the average output Eb/(No+Ig) of 
smart antenna is expressed as, 

Eb _ M^GMiLp,y/)n, 

+I^^,JI2n+N 
M^GM(Lp,y/)Pldf 



lo+No 



1 



.+l,^,JI2n+N 

M^M(Lp,y/)E, 






(9) 



hntra iutracell interference from own cell mobiles, is the intercell interfer- 

ence from mobiles not belonging to this base station, it includes the interference of 
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multipath elements. and are the interference power spectral density. is 
the received energy per bit. Nq is the noise power spectral density. 

When rake receiver is used instead of smart antenna, assuming perfect channel es- 
timation and the number of rake fingers is the same of multipath elements number L^, 
received power of rake receiver can be deemed to be P. The average output 
Eb/(No+lQ) is expressed as, 



_ GP E, 

hnter +hntra+N ^ ’int ’int ra +^^0 



(10) 



When there are several multipath elements within one chip duration, the ratio of 
smart antenna received power to total received power P can be approximated by the 
ratio of multipath power within one chip duration to all the multipath power received. 
Consider the multipath delay and relative power shown in table 2, four multipath 
elements in channel A environment and two multipath elements in channel B envi- 
ronment are within one chip duration of TD-SCDMA system which is 781ns. The 
ratio of smart antenna received power to total multipath power can be approximated 
by 1 for channel A environment and 0.74 for channel B environment. 



Table 2. ITU-R M1225 Outdoor to indoor and pedestrian test environment tapped-delay-line 
parameters 



Tap 


Channel A 


Channel B 


delay 

(ns) 


Power 

(dB) 


delay 

(ns) 


Power 

(dB) 


1 


0 


0 


0 


0 


2 


110 


-9.7 


200 


-0.9 


3 


190 


-19.2 


800 


-4.9 


4 


410 


-22.8 


1 200 


-8.0 


5 


- 


- 


2 300 


-7.8 


6 


- 


- 


3 700 


-23.9 



4 Coverage and Capacity Analysis 

At low loading, the system will be noise limited and the number of base stations is 
constrained by the maximum coverage achievable by the technology, so range and 
coverage efficiency are the major considerations. At high loading, capacity and spec- 
trum efficiency are more important. 

The maximum path loss can be used to derive the approximate cell coverage from 
specific propagation models. In unloaded cell, E^/N^ threshold is needed to maintain 
normal communication. In loaded cell, the loaded /N^ threshold is larger than un- 
loaded value. 

The required /(No+Iq) in loaded system should equal to Eb/No in unloaded sys- 
tem, it can be derived in [2] that. 
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E, \ _ .K a 

— unloaded \-) 



F factor, the ratio of own cell signal power to the total interference, depends on the 
propagation environment and cell configuration. It is expressed as, 

1 +P 

F = — ( 12 ) 

^ inter Antra E 

It’s clear that the following expression should he satisfied to ensure that (E^ haded 
is greater than zero. 

/ ^ yl h 

K^ < — I unloaded + 1 F . (13) 



a Nr 



This is the upper limit of user number in the given propagation environment in which 
Ej/Ng threshold and F factor are determined. When cell coverage decreases, the num- 
ber of users that can be supported by system increases accordingly, but will not be 
higher than the upper limit. 

When smart antenna is used, the required Ei/(Ng+Io) in loaded system should also 
equal Eb/No in unloaded system, 

1 M^Er‘M{L„yf) _( E, \ 

j Z7 AT 
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Also we get the limit capacity when smart antenna is used, 



M{Lp,l//)G( E 



adrWJlKl N, 



Assuming Lp=3, If/ =ln2, Ef/N^ =4, G=16, M=d>,CX =0.375, the relationship between 

limit capacity gain 101 og^ 2 1 ^nd main beam width is depicted in figure 1. 

In the link budget calculation, maximum mobile user’s transmit power corresponds 
to maximum cell coverage. When rake receiver is used, 

Pmn.=Errrn.+^ + EJN„ (17) 

where X stands for other parameters in the link budget calculation, stands for the 
maximum pathloss. When smart antenna is used. 
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(18) 



It’s clear that tradeoff issues between cell coverage, capacity, mobile user transmit 
power and number of smart antenna components are very important for system plan- 
ning. Given 2 of the parameters, the others will affect each other. For example, when 
cell coverage and capacity are determined in system planning by considering the 
given area, number of users, traffic per user and penetration ratio etc., mobile user’s 
maximum transmit power reduction is directly determined by smart antenna design. 
Also, we can trade capacity for smaller mobile user transmit power when smart an- 
tenna provides so large capacity gain that all the code channels (16 in TD-SCDMA 
system) can be supported even with smaller mobile transmit power. In the following 
analysis we mainly consider capacity or cell coverage increase when mobile user’s 
maximum transmit power and number of antennas remain unchanged. 




Fig. 1. Main beam width vs capacity gain 



The needed E^/N^ is greatly reduced when smart antenna is used. The reduction of 
needed E^/N^ (dB) at user number K per cell per timeslot directly results in mobile 
user’s transmit power reduction with cell coverage and user number unchanged. 
When mobile user’s maximum transmit power remains unchanged, either more users 
can be supported or cell coverage is enlarged. 



smart 

When cell coverage remains constant, equals 
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ber of rake receiver system and smart antenna system is and k 2 respectively, we 
have. 
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(19) 



The relationship between capacity increase with smart antenna and the number of 
existing users in rake receiver system is shown in figure 2. 
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With user number unchanged, reduction of the needed E^/N^ (as shown in figure 3) 
can be translated into cell coverage extension. 

If we define system capacity as the number of simultaneous mobile users under a 
certain blockage and outage probability, the expression of limit capacity shall be re- 
lated to mobile user’s maximum transmit power, blockage and outage probability 
threshold. The process of deriving limit capacity expression is rather complex and 
need much approximation. We developed a system level simulator to get the accurate 
relationship between cell coverage and capacity. 




user number /timeslot/cell 



Fig. 2. User number increase vs existing user number 




user number /timeslot/cell 



Fig. 3. User number vs reduction of the needed E^/N^ (dB) 



5 Simulation and Analysis 

We consider 8*8 diamond-shape cell configuration where simulation is developed to 
get the system capacity with different cell size. The simulation flowchart is shown in 
figure 4. User arrives at the system in a Poisson process. All the necessary informa- 
tion like home cell number, location, path loss and shadow fading are generated. For 
every possible timeslot where there are still remained resource, the necessary transmit 
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power is calculated to maintain satisfactory link quality. If transmit power of base 
station and mobile station is within limit and the addition of this new user will not 
cause the existing users to drop, this new user is admitted to join in. Otherwise, the 
access is denied. 

When smart antenna is used, channel allocation and power control are more de- 
pendent on smart antenna gain. For every timeslot, the interference that can be re- 
ceived by smart antenna main beam is calculated taking the location of each mobile 
user within this time slot into consideration. The time slot with the smallest interfer- 
ence is assigned to this user. Power control process follows user arrival process to 
regulate user’s transmit power. 



Start' X 
from user 
number 
' N 




Fig. 4. Simulation flowchart 



The user arrival process continues until the accepted user number is N (the initial 
user number for simulation). For user number N, power control and mobility process 
are looped to get the number of outage and channel allocation failure during handover 
process. 

For user number N, the satisfactory user ratio (ratio of users with successful chan- 
nel allocation and power control to the number of all the arrived users) is calculated 
by averaging results obtained in each loop. If this ratio is lower than 2%, the above 
process restarts with the initial user number N for simulation increased by 1. When 
this ratio is close to 2%, the arrived user number is deemed to be the system capacity. 
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The main parameters used in simulation include, 

• maximum transmit power per traffic channel: 21 dBm for MS and 23dBm for BS 

• uplink receiver antenna gain: lOdB 

• downlink transmit antenna gain: lOdB 

• thermal noise:-103dBm for uplink and -99dBm for downlink 

• information rate :8kHz 

• required Ej/Ng. uplink 5.8dB, downlink 8.3dB 

• power control dynamic range: 65dB for uplink and 25dB for downlink 

• shadow fading: 0 mean with variance 8 dB 

• pathloss model™: PL=37.61g(Distance)+15.3 

• voice activity factor: 0.375 

• smart antenna: 8 elements, main beam width 30° 

• processing gain: 16 

• timeslots: 3 for uplink and 4 for downlink 

• band width: 1.6 MHz 

• multipath environment: channel B 

We simulate the case when traditional rake receiver is used, the case when tradi- 
tional rake receiver is used with mobile users’ maximum transmit power much higher 
than the real value and the case when smart antenna is used with normal mobile 
transmit power. The simulation results of these three cases, together with the theoreti- 
cal result of rake receiver which has no limit on transmit power are depicted in fig- 
ures. 




Fig. 5. Cell radius vs capacity 



According to the simulation results, the rake receiver performs bad when mobile 
user’s transmit power are limited, because there is a lack of transmit power to combat 
much multi access interference and cochannel interference. This results in small cell 
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coverage and capacity. When cell radius is larger than 600 meters, mobile user’s ac- 
cess failure and outage is too large that the uniformly distributed users can not reach 
the satisfactory ratio of 2%. 

We raise mobile user’s transmit power to 40dBm, cell coverage and system capac- 
ity both increase, but still being smaller than the theoretical values when there is no 
limit on mobile transmit power. 

When 8 element smart antenna is used, it’s clear that system can support maximum 
user number (16/cell/timeslot, in fact more than 16 if number of physical channels 
supported by system is larger) with cell radius being less than 700 meters, thus im- 
proving system capacity greatly as compared with rake receiver. As cell radius in- 
creases to more than 700 meters, system capacity drops rapidly because of too much 
path loss for mobile user with limited transmit power to combat. 

It applies to all the cases that cell radius reduction results in capacity increase, and 
the simulated capacity when cell radius is rather small won’t go beyond the above 
derived limit capacity which is 8.75 for rake receiver and 66 for smart antenna. When 
density of active mobile users is given, cell capacity and coverage is then determined 
to provide the necessary services. For varied user density, it may be economical to 
implement smart antenna system with different number of antennas to reduce costs. 



6 Conclusion 

In this paper, performance of smart antenna in multipath macrocell environment is 
studied. Limit capacity with traditional rake receivers and with smart antenna are 
studied and compared. The practical relationship between coverage and capacity is 
obtained through system level simulation which utilizes smart antenna for channel 
allocation, beam forming and power control. System capacity and coverage of TD- 
SCDMA systems are found to be greatly enlarged by smart antenna deployed at the 
base station. 

There exist many trade off issues that deserve careful planning between cell cover- 
age, capacity, mobile user’s maximum transmit power and number of smart antenna 
elements. TD-SCDMA system is more suitable for traffic dense area, for areas with 
different mobile user density, smart antenna with different antenna number shall be 
implemented to reduce costs. 
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Abstract. In this paper, bunched system is proposed for improving 
fairness performance of CDMA packet data systems. The fairness and 
throughput performance of bunched system are evaluated and compared 
with those of conventional cellular system. Broadcasting and selecting 
schemes are applied as the transmission scheme on downlink in bunched 
system. We develop a model of received Eb/No in bunched system. The 
system performance measures include fairness performance factor and 
cell throughput. A computer simulation is developed and used. The de- 
rived results show that both fairness and throughput performance are 
improved by bunched system in macro- and micro-cellular environments. 
It is also shown that selecting scheme outperforms broadcasting scheme. 
From the results, it is confirmed that bunched system can improve the 
fairness of service quality as well as system throughput. 



1 Introduction 

In the next generation mobile communication systems, efficient control schemes 
are required for the packet data transmission on downlink. Unlike voice service, 
most data services allow different quality of service (QoS) levels within a certain 
range. However, a wide difference of QoS among users can result in unfairness. 

On downlink, it is not easy to achieve all the objectives including maximum 
throughput and fair QoS over the whole service area. If more radio resources 
are assigned to users with higher C/I, system throughput can be increased but 
fairness performance will be degraded. On the contrary, if more resources are 
assigned to users with lower C/I for fairness, overall system throughput will 
be decreased. Airy and Rohani PJ showed this tradeoff between fairness and 
throughput. In other studies m, various scheduling algorithms for control- 
ling the degree of fairness have been investigated. However, both fairness and 
throughput can not be improved simultaneously by using only scheduling algo- 
rithm. 

* This work is supported in part by Electronics and Telecommunications Research 
Institute (ETRI), and by grant No. ROl-1999-000-00205-0 from the Basic Research 
Program of the Korea Science & Engineering Foundation. 



J. Lee and C.-H. Kang (Eds.): CIC 2002, LNCS 2524, pp. 34- ITT)^ 2003. 
© Springer- Verlag Berlin Heidelberg 2003 



CDMA Bunched Systems for Improving Fairness Performance 



95 



This paper proposes bunched system for improving fairness performance of 
CDMA packet data systems, while not reducing system throughput. It is well 
known that bunched system, in other words, distributed antenna system, has 
an advantage of reducing pathloss between base station (BS) and mobile station 
(MS). So far many researches on bunched system have focused on the voice 
and low data-rate services m We apply bunched system for the purpose of 
improving the downlink performance of packet data systems, and also compare 
its performance with that of conventional cellular system. 

This paper is organized as follows: Section II describes the system model in- 
cluding the transmission schemes, received Eh/ No model and performance mea- 
sures. In section III, the simulation model used for performance evaluation is 
given. The simulation results are also shown and discussed. Finally, conclusions 
are drawn in section IV. 



2 System Model 



2.1 Transmission Schemes on Downlink 



Bunched system consists of a CU (Central Unit) and multiple RAUs (Remote 
Antenna Unit). It is easy to extend or change the service area in the urban and 
indoor environment just by adding or relocating RAUs. In addition, pathloss 
of radio link can be reduced, which leads to smaller transmission power and a 
reduced overall interference. Compared to conventional system, bunched system 
has a flexibility in organizing radio network, and can also improve the system 
performance by reducing interference. 

Two transmission schemes on downlink are applied in bunched system. One 
is the broadcasting scheme that broadcasts same signal through all RAUs in a 
cell. The other is the selecting scheme that transmits signals through selected 
one or multiple RAUs close to the user. Selecting scheme can reduce overall 
interference more than broadcasting scheme. The two transmission schemes are 
illustrated in Fig. 1. 

We apply the simple power allocation scheme such that the BS power is 
equally divided among packet data users receiving simultaneously. 

Power allocated to ith MS at kth RAU of jth CU can be represented as 






P, 



{k,j),max 



( 1 ) 



where P{k,j),max is the maximum transmission power of Ph RAU of jth CU and 
Nu is the number of data users receiving simultaneously. 

The rate control scheme is applied for packet data services. The assigned data 
rate to a user is dependent on the received C/I. The highest data rate is assigned 
to each user as long as the received Eh/ No is larger than the required Eh /No 
for target frame error rate (FER). The rate control scheme for delay-tolerant 
services can increase the system throughput 
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a) Received signals in broadcasting scheme 




b) Received signals in selecting scheme 

Received tVuiii euiiiieeted RAL' 

- - Received interference from other RAU 



Fig. 1. Transmission schemes in bunched system 



2.2 Received Eh/No Model 

We develop the received Ef, /No model that can be applied to bunched system. In 
conventional cellular system, the received Eh /No on downlink can be represented 
as 



P, 









W 



NoW R, 



( 2 ) 



where i and j are indices of MS and BS, respectively. Pij is the power allocated 
to ith MS at jth BS and W is spreading bandwidth. Ri is the assigned data rate 
to ith MS and NgW is thermal noise power. L(dij) and dij are pathloss and 
distance between jth BS and ith MS, respectively. Pathloss model selected for 
this study is 



L{dij) 



Lq - 10^1 log(dij) if 1 < dij < Db 

Lq - 10^2 log(£>s) - 10/T2 log(^) di^j > Db 



( 3 ) 



where fii and fi 2 are pathloss exponents before and after breakpoint, respectively. 
Lq is pathloss at Im distant from BS. Db is distance from BS to breakpoint. 
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Shadowing is assumed as lognormally distributed with zero mean and standard 
deviation a. 

Downlink interference consists of the same cell interference {Isc) and other 
cell interference (/qc)- Isc is the interference of other signals that are received 
from the connected BS. loc is the interference from other BSs. 

Isc={l-p){Pj-Pr^,)/m,,) (4) 

NumberofBS 

loc = Pk/L{di,k) (5) 

where p is the orthogonality factor. 

In bunched system, the received Ei,/No can be represented as 

( ( Pi,ik,j)/P{di^(k,j)) 

V ~ + loc + n,wrJ ^ ’ 

where i, k and j are indices of MS, RAU and CU, respectively. In broadcasting 
scheme, N is the number of all RAUs within a bunch. In selecting scheme, N is 
the number of the connected RAUs. Isc,sr is the interference from the connected 
RAU within a bunch. Re, or is the interference from other RAUs within a bunch. 
loc is the interference from other BSs. 

Isc,sr = (1 Psr){P(k,j) Pi,{k,j)) / P{^i,(,k,j)) {I) 

K 

Isc, or = (1 Por) ^ ' P(t,j) / I‘^^i,(t,j)) (^) 

t^k 

M K 

^oc EE )) ( 9 ) 

m^j k=l 



where P(k,j) is the total transmission power of kth RAU of jth CU. M and K 
are the number of CU and RAU, respectively. 

The received signals from other RAUs along multi paths can be less orthog- 
onal to the desired signal than those from the connected RAU. This difference 
of orthogonality is considered in (7) and (8). psr is the orthogonality factor 
between the desired signal and other signals from the connected RAU. por is 
the orthogonality factor between the desired signal and other signals from other 
RAUs. 

The maximal ratio combining scheme utilizing macro diversity between RAUs 
is applied for improving the received Eh/ No- An ideal maximal ratio combining 
is assumed in (6). 
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2.3 Fairness and Throughput 

Fairness performance can be measured by the difference of QoS provided to 
users. We define fairness performance factor Fmean/STD as 

^Inean/STD = lOlog (10) 

where and Gu are the mean and the standard deviation of assigned data rate 
to users, respectively. As F^ean/STD gets lower, the distribution of user data 
rate becomes wider, which means deterioration of fairness. 

Cell throughput is defined as the sum of effective data rates provided by a 
BS and can be represented as 



Nu 

Cell Throughput = '^^Ri[l — FER{Eb/No)i] (11) 

i=l 

where Ri is the assigned data rate to ith MS and {Et/No)i is the received Eb/No 
of ith MS. The subscript j for BS is dropped for convenience. 

FER{Eb/No)i is the actual FER corresponding to {Eb/No)i ■ Even though 
rate control scheme is applied, {Eb/No)i is higher than or equal to required 
Eb/No due to the discontinuity of allowable data rate. In this case, actual FER 
should be lower than or equal to target FER. We obtain the relationship between 
actual FER and {Eb/No)i from link level simulation, and then utilize it to derive 
cell throughput in (11). 

3 Performance of Bunched System 

The downlink performances of bunched system are evaluated by using a com- 
puter simulation in macro- and micro-cellular environments. The derived results 
are also compared with those of conventional cellular systems. 

The deployment models of a CU and RAUs in macrocell and microcell are 
shown in Fig. 2. The system parameters and the default values set for the analysis 
and are listed in Table 1. 

Fig. 3 shows the distribution of the data rates assigned to a user in microcell. 
Three different cases are compared in the figure: conventional system, bunched 
system with broadcasting scheme and bunched system with selecting scheme. 
Results show that bunched system can provide higher data rate than conven- 
tional system, and the data rate with selecting scheme is the highest among the 
three cases. In particular, selecting scheme can provide 640kbps data rate to 
over 75% of users. From the figure, it is found that the assigned data rate can 
be increased by introducing bunched system. 

The fairness performance and system throughput are evaluated in conven- 
tional and bunched systems. 

Fig. 4 and 5 show the fairness performance with varying number of data 
users receiving simultaneously iV„. The fairness performance factor is derived 
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a) Macrocell 
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b) Microcell 



Fig. 2. Deployment model in macro and micro cell environment 
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Fig. 3. The distribution of assigned data rate in microcell 



Table 1. Simulation Parameters 



Parameters 


Values 


Macrocell 


Microcell 


Cell layout 


Hexagonal 


Rectanglar 


Cell Radius 


1km 


300m(width) 


Number of RAU/Cell 


7 


9 


Shadowing Standard dev.(dB) 


8 


10 


psr j por 


0.6/0.3 


0.94/0.5 


Chip rate(Mcps) 


3.84 


Overhead CH power ratio 


0.15 


Antenna gain(dBi) 


15 




2/4 


Data rate set (kbps) 


{10,20,40,80,160,320,640 } 
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Nurrber ol users (N) 

Fig. 4. Fairness in macrocell 
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Fig. 5. Fairness in microcell 



in macro- and micro-cellular environments. It can be seen that fmean/STD is 
increased by about IdB in both macrcell and microcell, and this increment is 
almost independent of N^. It is confirmed that the fairness performance can be 
improved by bunched system. 

Fig. 6 and 7 show the cell throughputs of conventional and bunched system. 
It is shown that the cell throughput can also be increased by bunched system. 
From the results in the figure above, it is found that bunched system can improve 
fairness performance while not reducing but increasing cell throughput. Fig. 
6 and 7 also show that cell throughput in macrocell is more reduced than in 
microcell as iV„ increases. It is because lower orthogonality in macrocell leads to 
more interference from the connected BS. 

Table 2 shows the fairness performance of bunched system by broadcasting 
and selecting schemes in micro-cellular environment. In this case, the selecting 
scheme transmits through only one RAU. 

From the results, it is found that selecting scheme increases /i„ and decreases 
(Tu compared with broadcasting scheme. It can be seen that is also 

improved by about 2.88dB when selecting scheme is applied. The total inter- 
ference from the connected BS as well as other BSs is reduced extremely by 
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Fig. 6. Cell throughput in macrocell 




T^rrber of users (N) 



Fig. 7. Cell throughput in microcell 



Table 2. Fairness in bunched system 





f-^U 


^ u 


F'mean f STD 


Broadcasting 


366kbps 


216kbps 


2.28dB 


Selecting 


543kbps 


166kbps 


5.16dB 



one RAU selection. It is found that selecting scheme outperforms broadcasting 
scheme in both fairness and throughput. 

4 Conclusions 

We have proposed the CDMA bunched system for improving fairness perfor- 
mance of the packet data services and showed the fairness and throughput per- 
formance on downlink. 

The fairness and cell throughput performance of bunched system are eval- 
uated, which are compared with those of conventional system. The simulation 
results show that fairness performance is improved by introducing bunched sys- 
tem in both macro- and micro-cellular environments. Moreover, unlike scheduling 
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schemes that are typically used for improving the fairness performance, bunched 
system can improve both fairness and cell throughput simultaneously. 

Broadcasting scheme and selecting scheme are applied as transmission 
schemes in bunched system. The performance results of two schemes show that 
selecting scheme outperforms broadcasting scheme in both fairness and through- 
put. From the overall results, it is confirmed that bunched system with selecting 
scheme can be applied as one of schemes to improve the fairness of service quality 
as well as system throughput. 

The system model and analyzed results presented in this paper can be uti- 
lized to design and develop radio access network for the high speed packet data 
services. 
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Abstract. As the number of wireless subscribers rapidly increases guar- 
anteeing the quality of services anytime, anywhere, and by any-media 
becomes indispensable. These services require various networks (such as 
CDMA2000 and Wireless LAN) to be integrated into IP-based networks, 
which further require a seamless vertical handoff to 4*^ generation wire- 
less networks. This paper presents a seamless vertical handoff procedure 
between IEEE802.il WLAN, which covers hotspot area such as offices, 
campuses and hotels, and the CDMA2000 cellular network that overlays 
the WLAN and also covers a larger area. A handoff algorithm between 
WLAN and CDMA2000 cellular network is proposed. In this algorithm, 
traffic is classified into real-time and non real-time services. Then, the 
beginning of handoff is decided by the handoff delay time and throughput 
according to traffic classes. It is also analyzed mathematically. 



1 Introduction 

As one of the next generation mobile communications, the requirements of 4*^ 
generation mobile communications can be described as providing various ser- 
vices, such as high-speed data services and IP-based access to Radio Access 
Network (RAN), etc. The exact specifications for the generation have not 
yet been specified, but the recent trend [1,2] is that various interface techniques, 
such as WLAN, Bluetooth, UMTS, and CDMA2000, are integrated into IP- 
based networks as an overlay structure. In this structure, the optimum services 
are provided to mobile hosts. Mobile hosts in this structure can be connected to 
the network through various access points. Moreover, a seamless handoff should 
also be supported between different air interface techniques during inter-network 
movement. This type of handoff is called a vertical handoff, because the mobile 
is moving to another network (heterogeneous network) which has a different air 
interface technique. 

Various wireless LAN services are being introduced in hotspot areas, such as 
campuses, hotels and offices. In particular, IEEE802.il WLAN services having 
high bandwidth are used to cover limited hotspot areas. If the mobile host (MH) 
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Fig. 1. WLAN-CDMA Cellular Interconnection 



goes out of the hotspot coverage, the call will be dropped. In the 4*^ generation, a 
WLAN cell is overlaid within a CDMA2000 cell that is constructed into an ALL- 
IP based network. A seamless handoff is supplied through the vertical handoff 
process even if the MH goes out of the WLAN coverage area. The minimized cell 
size in 4*^ generation networks results in frequent handoffs. Therefore, we pro- 
pose network architecture and procedure for the vertical handoff. Our proposed 
architecture adopts the mobility management concept through the Mobile Agent 
(MA) and Subnet Agent (SA) functions to minimize the delay during vertical 
handoff. 

The first goal of the seamless vertical handoff is low handoff latency, power 
saving, and low bandwidth overhead. [3] WLAN and CDMA2000 networks have 
different frequency, maximum data speed, and cost characteristics. The time for 
the handoff procedure to begin in the handoff region is decided by the handoff de- 
lay time and throughput according to traffic characteristics. The real-time traffic 
preferentially takes into account the handoff delay, and the non real-time traffic 
takes the throughput into account. Chapter II introduces the overlay structure 
of WLAN and Cellular networks based on IP networks. Two examples of the 
proposed vertical handoff procedure are presented in Chapter III. The mathe- 
matical analysis of the handoff procedure is shown in Chapter IV. Conclusion 
and suggestions for further work follow in Chapter V. 

2 Interconnection Architectnre 

Methods for interconnecting CDMA2000 networks with heterogeneous air in- 
terfaces and WLAN use emulators, virtual access points, or mobile IP. In [4], 
mobile IP method is operating in a peer-to-peer relationship that shows better 
performance than the previous two methods that operate in master/slave rela- 
tionship. In this paper, an IP-based architecture using mobile IP, as shown in 
Fig- 01 is used. The MH has a PCMCIA type card that can access the WLAN 
and CDMA2000 network, and its protocol stack structure follows in Fig. Q The 
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Fig. 2. Mobile Host Protocol Stack 



criteria that select the initial mode in MH are the radio link quality, data rate, 
service type, speed of MH, and capacity of CDMA2000 network. If its data rate 
is low and fast moving, then the MH can select the CDMA2000 network: and 
for high data rates, then the WLAN. It also connects the mobile agent (MA) 
and subnet agent (SA) in addition to home agent (HA) in order to support its 
mobility management [5]. 

The three cases in which handoffs occur in this architecture are as follows: 
First, the mobile download (MD) case (case (1) of Fig. [Q, in which the MH 
serviced in the WLAN region moves to another area and is synchronized to the 
CDMA2000 network. Second, the mobile upward (MU) case (case (2) of Fig. P), 
in which the MH moves from the cellular network outside the WLAN into the 
WLAN. Third, the mobile through (MT) case (case (3) of Fig. P, when the MH 
passes over the WLAN. 

The MH selects one interface between two air interfaces in the Media Selec- 
tion Layer (MSL) of Fig. P When operating in the handoff transition region, 
the MH saves power by operating only one interface card before it goes into the 
handoff transition region and then activates the interface card for the neighbor 
after moving into the transition region. 

3 Vertical Handoff Procedure 

The process by which a MH that is in the WLAN service area leaves out from the 
area and connects to the CDMA Cellular network is called MD handoff. Its signal 
flow is shown in Fig. P As the MH leaves the WLAN AP (Access Point), the 
strength of the beacon signal that is received from the AP periodically weakens. 
If its strength decreases below the threshold value, then the CDMA Cellular card 
is activated and starts to synchronize with the system to prepare the handoff. 
The MH sends a Handoff Ready Request Message to the MA through the serving 
AP when it receives an Agent Advertisement Message from the Cellular Subnet 
Agent (SAc). The MA also sends in-bound packets to the Subnet Agent of the 
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Fig. 3. MD Handoff Signaling Flow 



cellular network that is configured with the overlay network, and then the SAc 
buffers the received packets. The SAc will send the buffered packets when it 
receives a Registration Message from the BS (Base Station). This process is 
designed to prevent the in-bound packets from being lost during the handoff 
period. When the MH receives continuous beacon signals below the threshold 
value, the handoff decision algorithm is executed. After handoff, the MH sends a 
Route Update Message to the BS to request traffic channel allocation [6]. Then, 
it performs Registration to the SA and MA. The packet that was buffered in the 
SA is sent to the BS as soon as the MH registers to the SA. Afterwards, the MA 
sends a disassociation message to the AP. From now on, the MH communicates 
with the CDMA cellular network. 

When the MH serving in the CDMA cellular network region enters the 
WLAN service region, it connects to the WLAN. This is called the MU hand- 
off. Fig. 0 shows its signal flow. In this case, power saving can be achieved by 
determining the time of the checking beacon signal in the handoff transition 
region, and the time to activate the WLAN card in the MH. For example, po- 
sition information can be used. For the seamless handoff service, the handoff 
point in the MU is not a critical factor, because the cellular network covers the 
WLAN region with an overlaid network. In Fig. 0, the MH receives a beacon 
signal from the AP through activating the WLAN card. If the MH receives an 
Agent Advertisement message from the SA, it sends a Handoff Ready Request 
message to the MA through the currently serving cellular network. Then the 
MA transmits in-bound packets to the SA of the WLAN. After that, the MH 
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Table 1. Specification s of AP and BSS 



RA 


Coverage 


Data Rate 


Cost 


AP 


Limited 


l~llMbps 


Low 


BSS 


Unlimited 


9.6~300Kbps 


High 



checks the received beacon signals continuously to determine whether to handoff 
or not. If the conditions for the handoff are satisfied, then the handoff procedure 
is performed. The MH requests the release of the channel that is allocated to 
the CDMA cellular network and transmits a Reassociation Request message to 
the AP in the WLAN. From now on, the MH communicates with the WLAN 
network. 



4 Handoff Algorithm and Analysis 

The radio link characteristics of the WLAN and the CDMA Cellular networks 
have many differences. The WLAN covers hot spot areas, such as campuses, 
hotels, and restaurants, at low cost and high data rate. However, CDMA cellular 
networks serve a wider area than WLAN at a higher cost and lower data rate. 
This is shown in Table [D 

Application traffics are classified into 4 classes as may be seen in Table El 
[7] These are further reclassified into two groups according to their delay sensi- 
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Table 2. Traffic Classes 
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Class 


Class 


Class 
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Delay 


Strict and low 


Bounded 


Tolerable 


Unbounded 


Guaranteed Rate 


Yes 


Yes 


No 


No 


Application 


Voice, 


VOD, 


Web, 


FTP, 




Internet Game 


Cable TV 


Telnet 


E-mail 




Real-time 


Real-time 


Non-real 


Non-real 




service 


service 


time servie 


time service 



tivity characteristics. One is real-time services that are sensitive to delay, such 
as the conversation and streaming classes. The other includes non-real time ser- 
vices that are insensitive to delay; such as interactive and background classes. 
We assume that the loads in both networks are nominal. In such a case, there 
is a tradeoff between the handoff delay and throughput during those handoff 
operations, which occur between networks whose radio links have different char- 
acteristics. In the case of delay sensitive real-time services, handoff should be 
performed as rapid as possible in order to minimize the delay due to frequent 
handoffs. For non real-time service, the amount of transmission data is more 
important than the delay, and therefore, the connection to the WLAN should 
be maintained as long as possible. 

Our proposed Vertical handoff algorithm between the WLAN and CDMA 
cellular networks is shown in Fig. 0 We use the following variables to determine 
the vertical handoff. 

Xthresh Predefined threshold value when the handoff transition region 

begins 

A The number of continuous beacon signals that are received 

from the WLAN with below Xthresh 
Xr A for real time service 

Xu X for mobile upward 

A„ A for non-real time service 

The relationship among the variables is as follows. 

A^ « A„ « Xu (1) 

In real-time service, the handoff delay must be short in the handoff transition 
region, therefore the number of continuous beacon signal should be lower than 
that of the non real-time service in order to reduce handoff delay. Since the 
CDMA cellular network covers a wide area and the handoff time is not critical 
for the MU, the value of A„ should be higher than other values. To reduce 
overall handoff delay, the in-bound packets are multicasted to the SA of the 
target network by mobility management. They are multicasted when the beacon 
signal strength in the MD falls below the Xthresh or rises higher than the Xthresh 
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Fig. 5. Vertical Handoff Algorithm 




Fig. 6. Control Mechanism 



in MU. The multicasted data are buffered in the SA. These buffered data will be 
transmitted to the BS if the MH is handed off to the target network before the 
timer expires. Otherwise, those data will be discarded. During the periodic the 
MH checks of the RSS of the received beacon signals, if the RSS falls below the 
Xthreshi ^ is increased by one. The MH determines whether the handoff should 
take place or not by comparing A^, A„, with the increased A. 

The control mechanism of the handoff is shown in Fig. El First, the service 
classifier classifies the traffic as either real-time service or non real-time service. 
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and then it sends the control signal to the handoff decision block and the mea- 
surement block. 

The power strength of the beacon signal in the transition region as the MH 
moves from the coverage of the WLAN to outside coverage is shown in Fig. [3[8]. 

We use the following variables to deduce handoff delay and throughput as 
the MH moves around the handoff transition region [8]. 

Tt Region extending from the point at which the power P falls 

below Xthresh for the first time to the point at which 
P falls below Xthresh permanently 

Ti Each contiguous stretch of time where P > Xthresh within Tt 

the WLAN with below Xthresh 

T 2 Each contiguous stretch of time where P < Xthresh within Tt 

Tn Normalized handoff delay in handoff transition region 

S{i) Average throughput in each case 

N : Number of times P crosses the value of Xthresh 

A Handoff completion time 

5 Time between beacon signals 

Ri Effective data rate available over the air in the WLAN 

i ?2 Effective data rate available over the air in the CDMA 

Cellular Network 

If a handoff is executed at each point where the strength of the beacon 
signal crosses Xthresh in the transition region, then the average throughput is as 
follows [8]: 

s(l) = R 2 {T 2 (tot) — Ttv/2) -I- — Tn/2) (2) 

The three random variables in the above formula are as follows. 

N/2 N/2 

Ti^tot) = Y. T2(tot) = Y T^2 (r/Tu Tn = NA/T (3) 

i—1 i—1 

We apply the proposed and A„ to the real-time service and non real-time 
service handoffs respectively, and the formula of the handoff delay and average 
throughput in each case is as follows. 
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For the non real-time service, if it is not the case that the number of contin- 
uous beacon signals below the Xthresh in the handoff transition region are same 
as A„, then the average throughput is: 

s(2) = Rl(T2(tot) + ?l(toi)); s(l) << •s(2) (4) 

We assumed the loads of the WLAN and CDMA Cellular are nominal and the 
data rate of the WLAN in the handoff transition region is higher than that of 
the CDMA cellular network. We can see that the average throughput of formula 
(4) is higher than that of formula (2) 

For non real-time service, if the number of continuous beacon signals below 
the Xthresh in ? 2 ( 2 ) of the handoff transition region is same as A„, then the 
average throughput is : 

s(3) = Rl{T 2 (tot) + + ^n5) + R 2 {T 2 { 2 ) ~ L\), s(l) << s(3) (5) 

We can see that the average throughput of formula (5) is higher than that 
formula (2) because R\ is higher than R2 in the handoff transition region. 

Next, for the real-time service, if there is the case that the number of con- 
tinuous beacon signals below the Xthresh in the handoff transition region is the 
same as A^., then the normalized handoff delay is as follows, 

Tn = A/Tt ( 6 ) 

We can see that the value of formula (6) is N times lower than formula (3). 

5 Conclusion and Future Work 

In this paper, we presented a seamless vertical handoff procedure and the ef- 
fective handoff algorithm for the handoff transition region between the WLAN 
and CDMA cellular network. Mobility management using MA and SA was also 
adopted to minimize the handoff delay in the WLAN-CDMA Cellular intercon- 
nection architecture based on IP. In the handoff algorithm we use the number of 
continuous beacon signals whose signal strength from the WLAN falls below the 
predefined threshold value. We then classified traffic into real-time service and 
non real-time service. In real-time service, the handoff delay in the handoff tran- 
sition region must be short, so the number of continuous beacon signals should 
be lower than that of the non real-time service in order to reduce handoff delay. 
Since the CDMA cellular network covers a wide area and the handoff time is not 
critical in MU, the value of A„ should be higher than the other values. 

Based on the handoff delay, throughput, and the characteristic of the MU, we 
thus propose the handoff decision variable equation(l). In analyzing the average 
throughput and handoff delay, we first assumed that the load of the WLAN 
and the CDMA cellular networks is nominal for the purpose of simplification. 
Through the analysis formula, we know that the average throughput is improved 
in non real-time service. In real-time service, the handoff delay is improved. 

In further work, we will simulate suitable variables of A^, A„, and Xu- In 
addition, we will further classify the service in detail. 
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Abstract. As to cope with various standards of incoming 3G and 4G as well as 
existing widely used 2G mobile communication networks, software defined ra- 
dio seems to be one of the best promising solution for both user end and service 
provider. In this paper, we have examined what are the factors to consider when 
radio access network selection occurs. Our research shows that by selecting 
widely used GERAN as initial network, reconfiguration procedure is eased and 
more suitable in rapidly changing environment. 



1 Introduction 

Software Defined Radio (SDR) is one of the most promising research issues to cope 
with incoming 3G and 4G as it is defined as an emerging technology, thought to build 
flexible radio systems, multiservice, multistandard, multiband, reconfigurable and 
reprogrammable by software [1]. SDR’s flexibility and scalability with attractive 
concept of dynamic reconfiguration over-the-air (OTA) can not only be user friendly 
in subscribers point of view, but also cost effective for network providers [2]. 

With various standards already existing in telecommunications systems, deploy- 
ment of 3G will increase variety of services in subscriber’s point of view. Hence sub- 
scribers will demand user terminal, which supports multi-standard. This also enables 
global roaming which existing system cannot or partially supports. 

Within many radio access networks (RAN), subscriber will select RAN which is 
most suitable for subscriber’s demand. To select suitable RAN for subscribers, they 
need to consider factors such as speed of the user terminal, capacity of the RAN, type 
of service subscriber want to use, and etc. This paper will examine characteristics of 
various RANs to observe suitable reconfiguration scheme for SDR terminals. 



2 Reconfiguration 



The reconfiguration process will be different depending on the purpose of the recon- 
figuration operation, which in turn refers to the scenario that takes place. The scenario 
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is mainly conditioned by the triggering event and the actual state of the terminal. The 
reconfiguration process can be triggered either hy the user or the previously set User 
Profile, terminal application, terminal resource system, network operator, service 
provider or manufacturer. The state of terminal is described as idle, starting a session 
(either user initiated or upon other party’s request) and in-session [3]. 1ST - TRUST 
[4] summarizes reconfiguration task in as below: 

1 . Available modes lookup 

2. Detection of new air interface & monitoring 

3. Authentication 

4. Mode Negotiation 

5. Making decision to change mode 

6. Software download Over The Air (OTA) 

7. Reconfiguration 

8. Location update 

To perform reconfiguration, characteristics of radio access networks should be studied 
since each of them has different characteristic in their coverage area, capacity and 
data rate. 



2.1 Characteristics of Radio Access Networks 

GERAN probably has the widest coverage area among the others since it supports 
global roaming in most of the European countries. High-Speed Circuit Switched Data 
(HSCSD) introduced the capability to utilize multiple timeslots of the eight slot GSM 
time-division multiple access frame (TDMA). As a result, the achievable user data 
rates have increased from 9.6 kb/s to the level of conventional fixed-line modem 
speeds. General Packet Radio Service (GPRS) is providing the always-on type of 
connectivity earlier associated with wireless local area network (WLAN) solutions. 
Enhanced Data Rates for Global Evolution (EDGE) system is going to provide an- 
other leap toward the data rate requirements of 3G systems [5]. 

Universal terrestrial radio access network (UTRAN) is a standard for 3G mobile 
communications services being specified by 3GPP. The radio access components of 
UTRAN are based on direct-spread wideband code-division multiple access 
(WCDMA) and hybrid time-division (TD-CDMA) access methods that have been 
designed for 3G frequency efficiency, mobility, and QoS requirements. From the 
initial maximum rate of 2 Mb/s, new high-speed packet access plans are aiming to 
increase downlink data rates up to lOMb/s [5]. 

For the short range high data rate network, IEEE802.1 lb is probably most promis- 
ing standard for WLAN. It has maximum of 1 IMb/s data rate and operates on 2.4GHz 
and 5 GHz. Another standard, which can be well considered of, is Bluetooth, which 
operates in the 2.4 GHz license-free ISM bands and support symmetric and asymmet- 
ric links. Synchronous symmetric channels are intended for 64 kb/s continuous voice 
traffic. The asynchronous connectionless (ACL) channel can support 723.2 kb/s 
asymmetric data rate with 57.6 kb/s in the return direction or 433 kb/s symmetric data 
rates [5]. In this paper only WLAN would be further considered since it has wider 
coverage area and higher data rate compared to Bluetooth. 
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2.2 User Terminal Speed 

One of factors to consider in reconfiguration is whether user terminal is moving. User 
terminal condition can be categorized as in-home (no or minimum movement), pedes- 
trian (slow movement), or vehicular (fast movement). Regarding with user terminal’s 
condition, a suitable RAN must be chosen from RANs available. For example, assum- 
ing user is trying to use user’s terminal at home, RAN with highest data rate available 
should be candidate as the best RAN to be chosen from since the user terminal is not 
likely to make handovers with other base station. 

However, if user terminal is moving very fast, frequent handovers between base 
stations are likely to occur and this can effects performance on user terminal. To 
avoid this problem, RAN with widest coverage area per each base station should be 
chosen. Each RAN has different coverage area. For example, UTRAN covers 2477.7 
meters of coverage, whereas IEEE 802.11b has 46.4 to 91.9 meters of coverage for 1 
to 1 1 Mbps service rate in Europe [5]. 



2.3 Radio Access Network Capacity 

In any communication systems, the most limited resource of all is the bandwidth. 
Demand for more bandwidth resulted in development of various multiple access tech- 
niques, which can solve the problem with having limited bandwidth. However for a 
certain services, wide bandwidth is essential to its performance and using narrow 
bandwidth on certain services can not only decrease the quality of service (QoS) but 
also cause disconnection between service operator and user terminal. As subscribers 
for wireless communication system is increasing rapidly, the bandwidth will be al- 
ways main problem in operator’s point of view. 

Capacity comparison between different RAN is very difficult since different RANs 
use different types of multiple accesses and the data provided is not similar in all 
cases. Hence, here we assume that capacity of RAN is roughly observed by informa- 
tion capacity per cell, measured in Mb/s per MHz per cell as noted in [5]. Based on 
this information UTRAN has more capacity compared to WLAN in the indoor model. 
Eor pedestrian and vehicular users EDGE has more capacity than to UTRAN. 

2.4 Types of Applications 

Currently most of the mobile communication traffic is used by voice calls. For exam- 
ple, only 37% of the i-mode traffic is the data traffic such as entertainment, games and 
downloading ringtones [6]. However, in near future, the amount of voice and data 
traffic will be balanced with the aid of killer applications. These killer applications 
will converge many internet based applications into mobile terminals which will 
eventually break the barriers between mobile communications and home based com- 
munications. 

With many different types of applications likely to be seen in near future, we 
would like to anticipate what is going to be used with the mobile user terminal. Per- 
haps voice communication could be most popular applications of mobile communica- 
tions. Data communications involving both very large file size and small size are 
likely to be seen. For example, applications such as fax transmission, would involve 
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small file size whereas video conferencing requires very large file size to be transmit- 
ted. 

For these different kinds of applications to use, suitable selection of RAN helps 
improving performance on both user and service providers. UTRAN and EDGE can 
be good choice for small file size oriented applications. Applications such as video 
conferencing can be best achieved using network with high bit-rate such as IEEE 
802.11b or Bluetooth. Eig. 1. shows comparisons on these different characteristics of 
RANs which we have mentioned. 



Data Rate 



Capacity 



Coverage 



0% 20% 40% 60% 80% 100% 



□ GERAN 
nUTHAN 

□ WLAN 



Fig. 1. Comparison of different Radio Access Networks 



3 Implementation 

As we have mentioned earlier, we are likely to have many different system existing in 
the future within certain coverage areas. Either user or operator can choose which 
network to use depending on network conditions. To start reconfiguration, the first 
step to do is what kind of RAN is available. In order to make this possible a base 
station that has the necessary software for all standard systems which can be called as 
Universal base station [7] should be mentioned. Each universal base station has two 
types of channels - universal pilot channel and universal data channel. 

Universal pilot channel is a synchronization reference, message broadcasting, and 
signaling channel. The mobile station (MS) will use this channel to exchange signal- 
ing with the universal base station for system software to be downloaded. Universal 
data channel is dedicated to the MS for downloading the system software code, which 
will program the MS firmware so as to provide the modulation, access, and network 
functionalities at the MS [7]. To select which RANs are available, MS will detect 
whether universal pilot channel is available. These universal pilot channel can tell MS 
either cellular based communications systems (e.g. UTRAN, GPRS, etc) or WLAN is 
available. 
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After detecting all available universal pilot channel, universal base station will 
consider the movement of the MS. Universal base station should have certain thresh- 
old on handovers that if movement of the MS is anticipating handovers more than the 
threshold when a RAN is selected, then universal base station allocates universal pilot 
channel to the MS with larger coverage area. After the selection of network, universal 
pilot channel will search if selected service is available. 

When the suitable network has been selected the MS will start software download- 
ing. If the MS moves to a new area, and in addition if the QoS of the mobile is low 
and the same system is not available, the mobile will request the BS to download new 
system software over-the-air [7]. 

Generally, request for software download is most likely to offered when current 
used RAN is not covered by certain region or when user requires RAN which has 
more bit-rate. Hence, the best way to initialize user terminal is to reconfigure in 
GERAN mode. Since most of mobile subscribers are voice calls and GPRS and 
EDGE also support packet data services, GERAN is the best initial choice. However, 
if user requires higher data rate services, GERAN is not a suitable service for data 
communications hence MS should request for reconfiguration of terminal to other 
RANs such as WLAN, or UTRAN. This strictly depends on movement of the user 
terminal as cellular base UTRAN has wider coverage area, whereas WLAN have 
limited coverage area. Thus if MS is vehicular user, UTRAN must be considered. For 
pedestrian user WLAN is the best choice. When MS is stationary, WLAN is the best 
option available. Thus considering above reconfiguration procedure, this can be best 
summarized as Figure 2. 




Fig. 2. Reconfiguration Procedure of Software Defined Radio 
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4 Conclusion 

We have reached that hy selecting GERAN as initial radio access network for soft- 
ware defined radio, reconfiguration scenario has heen eased. Depending on users 
movement, user terminal can be upgraded via Over-the Air software download. Due 
to restricted coverage area, WLAN is not suitable network for initial set-up of SDR 
even regarding its very fast downloadable speed. It seems that universal pilot channels 
would be very much guaranteed QoS oriented to increase reconfiguring speed as well 
as reliability. However even if GERAN is selected as initial radio access network, it is 
better for user to move slowly while initialization procedure is being held in order to 
avoid frequent handover. 



References 



1. E. Buracchini. “The Software Radio Concept.” IEEE Communications Magazine, Septem- 
ber 2000. 

2. C.W. Hwang, A.H. Aghvami. “Improving TCP Performance of Software Download for 
Reconfigurable Terminal.” 3G Wireless 2002 Conference Proceeding. May 2002. 

3. N. Olaziregi, C. Niedermeier, R. Schmid, D. Bourse, T. Farnham, R. Haines, F. Berzosa. 
“Overall System Architecture for Reconfigurable Terminals.” 1ST Mobile Summit 2001. 

4. http://www.ist-trust.org 

5. J. Kalliokulju, P. Meche, M.J. Rinne, J. Vallstrom, R. Varshney, S. Haggman. “Radio Ac- 
cess Selection for Multistandard Terminals.” IEEE Communications Magazine. October 
2001 . 

6. B. Jafarian. “The Next Generation of This Generation.” 4G Forum Proceeding. May 2002. 

7. Y.R. Wei, A.K. Elhakeem. “Roaming Times of Multi-Wireless Systems For Software De- 
fined Radio.” 3G Wireless 2002 Conference Procedding. May 2002. 




The Performance Evaluation of the Proposed 
CDV Compensation Algorithm Using Cell 
Position Information for Satellite ATM Networks 



Tae Hee Kim, Dong Joon Choi, and Nae Soo Kim 

High-speed Satellite Communication Research Team. Electronics and 
Telecommunications Research Institute 
161 Kajong-Dong, Yusong-Gu Taejon, Korea, 305-350 



Abstract. In this paper, when the position information was changed, we 
measured the performance of Modified CDV Compensation Algorithm 
that we proposed a new compensation algorithm for Cell Delay Variation 
(CDV) which results from ATM/TDMA conversion in the satellite B- 
ISDN/ATM networks. The transmitting earth station send information 
bits (Cell Number, position information) for CDV compensation and the 
receiving earth station compensated CDV according to the received in- 
formation bits. By performing simulation using Markov modulated Pois- 
son process (MMPP) traffic model in OPNET simulation tool, we show 
superiority of the proposed algorithm over Cell number Counting Proto- 
col (CNCP) algorithm, and the improvement of the performance of the 
proposed algorithm as the position information is increased. 



1 Introduction 

The terrestrial networks (B-ISDN) and the satellite networks have been evolved 
individually but the integration of both networks is going on and the evolution of 
satellite world. In order to realize integrated B-ISDN systems immediately and 
economically, the application of satellite time division multiple access (TDMA) 
systems to B-ISDN is being studied [1]. The application of satellite communi- 
cation systems to B-ISDN will enable to supply multi-media services to users 
isolated form the terrestrial B-ISDN network. For the terrestrial network, it has 
been determined that ATM is optimum for B-ISDN services, because ATM effi- 
ciently supports services with various transmission speeds and qualities by using 
fixed length packets. For ATM cell transmission via satellite links, it is expected 
that TDMA system, which will increase the throughput of satellite channels as 
well as accommodate services with various transmission speeds, is the best mul- 
tiple access method for this system. However, ATM/TDMA conversion increases 
CDV because cell transmission is only permitted at the preassigned time slots 
(TDMA bursts) on the TDMA system. Consequently, it is necessary to establish 
a CDV compensation protocol. In this paper we proposed the Modified CNCP 
CDV algorithm using position information and evaluated the performance of the 
proposed algorithm when the position information is changed [6]. 
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2 CDV Compensation Protocol 

On the terrestrial B-ISDN, the CDV problem has been considered and CDV 
compensation protocols, such as the leaky bucket method and the time stamp 
method and Cell Number Counting Protocol have been studied. 

2.1 Leaky Bucket (LB) [2,3,4] 

On this protocol, as leaky Bucket is used traffic control and network manage- 
ment, The information cell are accepted by a FIFO buffer according to QoS and 
retransmitter at a constant rate in accordance with minimum or average cell 
interval. 



2.2 Time Stamp (TS) [2,3,4] 

On this protocol, as Time Stamp is mainly used for synchronized information 
transmit at terrestrial network, a time stamp is added to each information cell 
at the transmitting side. 

2.3 Cell Number Counting Protocol (CNCP) [2,3,4] 

On this protocol, the input cell stream from the terrestrial network is divided into 
periods of control unit time Tc and the average transmission speed in each Tc is 
represented by the number of cells arriving within Tc. At the transmitting earth 
station, N cell are counted during each Tc. The cell number N is accommodated 
in TDMA bursts along with the information cells themselves. At receiving earth 
station, the cell intervals are approximately estimated for each Tc, for example 
Tc/N. 

3 Proposed CDV Compensation Algorithm 

In this protocol, it is like CNCP algorithm that the input cell stream from 
the terrestrial network is divided into periods of control unit time (Tc), and 
counted the number of cell generated within Tc. [4] But the proposed algorithm 
transmitted redundancy bits of position information. Fig. 1 shows the outline of 
proposed algorithm [6]. 

To accomplish proposed CDV compensation algorithm, we considered the 
function of the transmitting earth station and the receiving earth station. The 
ransmitting earth station generated the additional information cell that consisted 
of both the number of cell and the position information of cells. The number of 
cell are counted during each Tc, and the position information was get according 
to the position of the first cell and the last cell during each Tc. Fig. 2 shows 
the flowchart of the processing procedure of transmitting earth station for CDV 
compensation. 




The Performance Evaluation of the Proposed CDV Compensation Algorithm 121 



; _ Tc 

!* 


id *i 


□□□□□□□ 





□ □□□ (N, 00 |1^ Information 

---.^mmber, position) 



TDMA burst 





□□□□□□□□□□□□□□ 




\ 


pn^jensation 




□□ 


□□ 


□ 

□ 

□ 


□ 

□ 

□ 

□ 

□ 

□ 

□ 






(Tc/2) /I 




Tc/2 



Fig. 1. Proposed CDV compensation algorithm. 




Tc : control Unit Time (fixed) 

T_n : generation time of n th CeU 

Tc_s : start point for setting position information 

Td_n : time interval between T_n and Tc _s 



Fig. 2. The flowchart of the processing procedure at transmitting earth station. 



When the position information is set 2bits and 4bits, Fig. 3 shows the value 
of the position information according to the position of the first cell and last 
cell in Tc. The case (a) is that it is 2bits, and the case (b) is that it is dbits.As 
the position information is 2bits, it is decided using Tc/2 and has the three 
occasions. As the position information is 4bits, it is decided using Tc/4, Tc/2, 
3Tc/4 and has the ten occasions. 
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(a) Position Information 
( depth s 2bit ) 



(b) Position Information 
( depth = 4bit ) 




Fig. 3. The flowchart for the definition of the position information. 



Proposed Algorithm ( depth = 2 ) 


Proposed Algorithm ( depth = 4 ) 




First cell 


Last cell 




First ceU 


Last cell 


10 


< Tc /2 


< Tc /2 


1000 


< Tc /4 


<Tc /4 


01 


>Tc a 


>Tc /2 


0100 


>Tc /4, < Tc /2 


>Tc /4, < Tc /2 


11 


<Tc a 


>Tc /2 


0010 


>Tc /2, <3Tc/4 


>Tc /2, <3Tc/4 




0001 


>3 Tc /4 


>3 Tc /4 


1100 


< Tc /4 


>Tc /4, < Tc /2 


1010 


< Tc /4 


>Tc /2, <3Tc/4 


1001 


< Tc /4 


>3 Tc /4 


0110 


>Tc /4, < Tc /2 


>Tc /2, <3Tc/4 


0101 


>Tc /4, < Tc /2 


>3 Tc /4 


0011 


>Tc /2, <3Tc/4 


>3 Tc /4 



Fig. 4. The position information (2bits, 4bits). 



The receiving earth station perform CDV compensation using position infor- 
mation and the cell number N in Tc. The proposed algorithm decides the start 
time (T_s) for transmitting data cell and the interval (T_d) of time between 
data cell to compensate CDV. Consequently, the CDV distribution length does 
not exceed Tc in the proposed algorithm. It is possible to suppress the CDV by 
setting Tc at an adequate value as determined by the quality requirement and 
traffic characteristics of the application being supported. 

T_s is the start time for transmitting data cell after CDV compensation. At 
below statement, as the position information is 2bits and 4bits, T_s is showed. 

T_s (2bits) : T_s, T_s-|-Tc/2 

T_s(4bits): T_s, T_s-|-Tc/4, T_s-|-Tc/2, T_s-|-3Tc/4 

T_d is the time interval that is approximately estimated for each Tc, Tc/4, 
Tc/2, 3Tc/4. 

T_d (2bits): Tc/2N or Tc/N 

T_d (4bits): Tc/4N or Tc/2 or 3Tc/4 or Tc/N 

Fig. 5 shows flowchart that expressed function of receiving earth station. 
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T_s : start point for transmitting cell 

Td : time interval between n-1 th cell and n th cell 



Fig. 5. The flowchart of the processing procedure at receiving earth station. 



4 Proposed CDV Compensation Algorithm 

The simulation has been realized by the OPNET to evaluate the performance of 
the proposed. 

4.1 Traffic Model 

Since CDV compensation performance depends on the characteristic of the input 
traffic, the traffic model is represented as an MMPP source model. Fig. 6 shows 
the outline of the MMPP arrival model. The MMPP has two states, Burst and 
Idle. The state shuttles between Burst and Idle in a stochastic process. In this 
mode, cells arrive at the rate of 11 of 12, according to whether the state is Burst 
or Idle [5]. 

The simulation parameters are summarized in Table 1. 

Tc is determined according to Frame time because redundancy bit of the 
information cell within Tc is insufficient in frame, must be transmitted every 
frame time. 

4.2 System Model 

Fig. 7 represent the application outlines of these methods to satellite TDMA 
systems. The system is composed of the two stations and one satellite [6]. 
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Table 1. Simulation parameters. 



Parameter 


Value 


Burst period 


1 , 1.5 , 2(msec) 


Idle period 


1 , 1.5 , 2(msec) 


Burst rate (A 1) 


50 cell / 1 frame 


Idle rate (A 2) 


1 cell / 1 frame 


Frame time (Tc) 


1, 2, 3, 4 (msec) 


^ of Traffic Burst 


16 


Bandwidth 


155 Mbps 


Position information 


2bits, 4bits 



Burst Idle 



Til Az 



Fig. 6. MMPP source model. 




Fig. 7. Satellite TDMA systems model. 



The composition of frame represent at Fig. 8. The frame is consisted of 1 
RB(Reference Burst) and 2 IS(In-Bound Signal) and 16 TB(Traffic Bursts). 

The Traffic Burst consist of CCR, UW, FTI(Frame Type Identifier), MM 
(Management Message). The information bits (number of Cell (6bits) : N, Po- 
sition information) is transmitted to receiver station using the CC(Cell Count 
bit) for CDV compensation in MM field. 
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RB_t IS_t 



RB IS IS TB TB 



TB RB 



RB_t = Reference Burst time 
IS_t = Inbound Signal time 
TB_t = Traffic Burst time 
GT = Guard time 



Fig. 8. Frame structure. 



CDV(S) 

0.000 0.001 0.002 0.003 0.004 0.005 0.006 




Fig. 9. CDV distribution according to change of Idle period. 



4.3 Performance Analysis 

The Fig. 9 illustrates the difference of CDV distribution according to change of 
Idle period at Burst period = 1.0msec, Tc=3. 0msec in the proposed algorithm 
(position information: 2bits, 4bits) and CNCP algorithm. 

The CNCP algorithm has a remarkable difference of CDV according to 
change of Idle period. But the proposed algorithm does not. Also the perfor- 
mance was showed the superior performance when the position information is 
4bits than 2bits. It is that the proposed algorithm can more suppress the CDV 
adding only several information bits. 

The Fig. 10 shows the difference of CDV according to change of Burst pe- 
riod at Idle period = 1.0msec, Tc=3. 0msec in proposed algorithm and CNCP 
algorithm. The Both algorithm do not have a remarkable difference of CDV 
according to change of Burst period. 

The Fig. 11 shows difference of CDV according to change of Tc at Idle period 
= 1.0msec, Burst period =1. 0msec in proposed algorithm. Proposed algorithm 
show that maximum CDV distribution is below Tc in comparison with CNCP. 
Also proposed algorithm compensated CDV only 2bit of position information 
and 6bit of cell number counting. It is important that redundancy bit must be 
used a few at satellite network have insufficient resource. 
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CDV(s) 

0.000 0.001 0.002 0.003 0.004 0.005 0.006 




Fig. 10. CDV distribution according to change of Burst period. 



CDV(ms) 




Fig. 11. CDV distribution according to change of Tc. 



5 Conclusion 

In this paper, when the position information was changed, we compared the per- 
formance of a new compensation algorithm for the CDV(Cell Delay Variation) 
which results from ATM/TDMA conversion in the satellite B-ISDN/ATM net- 
works. We clarified the design method of CNCP parameters and examined the 
CDV compensation performance of the proposed algorithm and the cell number 
counting protocol by using the MMPP arrival model. We knew that in the our 
algorithm was shown that the CDV distribution length don’t hardly depends 
on the characteristics of the Idle state, but in the CNCP algorithm depends on. 
Also, as the position information is increased, the performance of our algorithm 
was improved. The proposed algorithm will apply to an ATM based 155Mbps 
satellite TDMA ground station which is being on developing by ETRI. 
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Abstract. The idea of using general-purpose platforms and high-speed 
networks to construct software radio hardware platform is really reason- 
able due to the great cost savings and flexibility such a system brings 
about. This paper gives an in-depth discussion on the software imple- 
mentation issues of an IS-95 BTS based on PC and network. The per- 
formance of each IS-95 module is evaluated and presented in a % CPU 
metric. An efficient architecture for software radio systems based on PC 
and network is presented based on these results. 



1 Introduction 

Since the software radio concept was introduced in the 1990’s, plethora of im- 
plementation architectures has been put forward. Many previous software radio 
systems are based on DSPs and FPGAs. Great advances in general-purpose pro- 
cessors and high-speed, high-resolution ADGs have enabled a complete novel 
solution to wireless communications. In our scheme, a cluster of general-purpose 
computers interconnected by high-speed network is utilized to construct the 
hardware platform of software radio. Adopting the zero-IF design, the signal 
around the carrier is converted all the way down to baseband directly via high- 
performance A/D, and the signal from baseband is converted up to the carrier 
frequency via high-performance D/A. The sampled signal data are transferred 
between the front-end and the memory of the general-purpose computer via the 
high-speed I/O subsystem which is composed of a full-sized 32-bit PGI interface. 
Then the sampled baseband signal are processed by a group of general-purpose 
computers. 

This paper mainly discusses the software implementation issues of such a 
system. IS-95 is chosen as an example protocol to implement in this software 
radio system because it is a representative GDMA standard and is widely used. 
The performance evaluation of the IS-95 modules is presented in this paper. And 
a parallel-pipeline architecture for multi-channel signal processing is designed 
based on these experimental results. 
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Table 1. Encode Modules and Modulation Schemes of IS-95 



Channel 




Encode Modules 


Modulation 

Scheme 


The 

Down-link 

Channel 


The Pilot 
Channel 


Orthogonal Spreading, Quadrature Spreading 


QPSK 


The 


The Sync 


Convolution, Symbol Repetition, Block 


QPSK 


Down-link 

Channel 


Channel 


Interleaving, Orthogonal Spreading, Quadrature 
Spreading 




The 


The 


Convolution, Symbol Repetition, Block 


QPSK 


Down-link 


Paging 


Interleaving, Long Code Generating and 




Channel 


Channel 


Decimating, Orthogonal Spreading, Quadrature 
Spreading 




The 


The 


CRC, Adding Tail, Convolution, Symbol 


QPSK 


Down-link 


Forward 


Repetition, Block Interleaving, Long Code 




Channel 


Traffic 

Channel 


Generating and Decimating, Adding Power 
Control Bits, Orthogonal Spreading, Quadrature 
Spreading 




The 


The 


Adding Tail, Convolution, Symbol Repetition, 


OQPSK 


Up- link 


Access 


Block Interleaving, Walsh Encoding, Long Code 




Channel 


Channel 


Spreading, Quadrature Spreading 




The 


The 


CRC, Adding Tail, Convolution, Symbol 


OQPSK 


Up- link 


Reverse 


Repetition, Block Interleaving, Walsh Encoding, 




Channel 


Traffic 

Channel 


Long Code Spreading, Quadrature Spreading 





2 The Performance of the IS-95 Modules 

The IS-95 standard supports both analog wireless communications and digital 
wireless communications. In this paper, we discuss the digital wireless communi- 
cations protocol only. The IS-95 system connects with PSTN via MTSO just like 
other mobile communication systems. Base stations communicate with mobile 
stations via the Forward RF Channel (from BTS to MS) and the Reverse RF 
Channel (from MS to BTS). The Forward Channel includes the Pilot Channel, 
the Sync Channel, the Paging Channel and the Forward Traffic Channel. The 
Reverse Channel includes the Access Channel and the Reverse Traffic Channel. 
The IS-95 standard supports variable data rate operating(9600, 4800, 2400, and 
1200 bps) in the Forward Traffic Channel and the Reverse Traffic Channel re- 
spectively. In the performance evaluation, only the case of 9600 bps is considered. 
Table 1 lists encode modules and modulation schemes of each channel. 

To evaluate the performance of the encode/decode modules, each module is 
isolated and runs in a loop separately in a general-purpose computer, process- 
ing T=20ms of audio chunk for N times(N=105). The total running-time t is 
recorded by C-Shell functions and the CPU fraction consumed is given by t/NT 
[1]. The performance of each module on different general-purpose processors is 
presented via a % CPU metric in Table 2, Table 3, Table 4 and Table 5. 
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Table 2. Performance of IS-95 BTS Transmitter Modules 



IS-95 Modules(BTS 
Transmitter) 


PIV 1.4G (%CPU) 


Pill 733 (%CPU) 


Pill 550 (%CPU) 


CRC Encoder 
(9.6kbit/s) 


0.002 


0.003 


0.004 


Convolution 


0.617 


0.729 


0.861 


Interleaving 


0.003 


0.006 


0.008 


Walsh Spreading 


0.002 


0.002 


0.003 


Long PN Code 
Generator 


9.153 


10.928 


14.956 


Short PN Code 
Generator (I) 


2.593 


3.891 


5.318 


Short PN Code 
Generator (Q) 


2.590 


3.944 


5.323 


Waveform 
Synthesis (2 
modules) 


30.241 


35.441 


39.476 


Total 


75.442 


90.385 


105.425 



Table 3. Performance of IS-95 BTS Receiver Modules 



IS-95 Modules(BTS 
Receiver) 


PIV 1.4G (%CPU) 


Pill 733 (%CPU) 


Pill 550 (%CPU) 


CRC Decoder 
(9.6kbit/s) 


0.004 


0.005 


0.007 


Viterbi Decoder 


12.530 


15.636 


21.374 


Interleaving 

Decoder 


0.005 


0.007 


0.010 


Spread Decoding 
and Walsh 
Decoding(4 pathes) 


501.172 


710.050 


907.230 


Total 


2017.230 


2855.850 


3650.31 



3 An Efficient Architecture of Software Radio 
Based on PC and Network 

As Table 2, Table 3, Table 4 and Table 5 show, the separate running-time of 
most IS-95 baseband encode and decode modules is far less than 20 ms(the 
time duration of an audio chunk). In conventional IS-95 systems, the waveform 
synthesis module is a FIR filter. In our approach, this module is written in the 
C language adopting a novel direct waveform synthesis method [5] and runs on 
a general-purpose computer. The running-time of this module is much greater 
than that of baseband modules, but it is still much less than 20 ms. The running- 
time of the BTS(/MS) demodulation module is much greater than 20 ms due to 
its computation-intensive characteristic. Therefore, the total running-time of all 
the BTS modules for one channel is much greater than 20 ms. 





Realizing IS-95 in Software Radio Systems Based on PC and Network 



131 



Table 4. Performance of IS-95 MS Transmitter Modules 



IS-95 Modules(MS 
Transmitter) 


PIV 1.4G (%CPU) 


PIII 733 (%CPU) 


PIII 550 (%CPU) 


CRC Encoder 
(9.6kbit/s) 


0.002 


0.003 


0.004 


Convolution 


0.916 


1.105 


1.271 


Interleaving 


0.005 


0.007 


0.010 


Walsh Encoder 


15.840 


17.145 


21.374 


Long PN Code 
Generator 


9.153 


10.928 


14.956 


Short PN Code 
Generator (I) 


2.593 


3.891 


5.318 


Short PN Code 
Generator (Q) 


2.590 


3.944 


5.323 


Waveform 

Synthesis(2 

modules) 


30.241 


35.441 


39.476 


Total 


91.581 


107.905 


127.208 



Table 5. Performance of IS-95 MS Receiver Modules 



IS-95 Modules(MS 
Receiver) 


PIV 1.4G (%CPU) 


PIII 733 (%CPU) 


PIII 550 (%CPU) 


CRC Decoder 
(9.6kbit/s) 


0.004 


0.005 


0.007 


Viterbi Decoder 


11.524 


14.850 


20.257 


Interleaving 

Decoder 


0.003 


0.006 


0.008 


PN Acquisition & 
Tracking and 
Walsh 

Despreading(3 

pathes) 


76.130 


90.120 


120.113 


Total 


239.921 


285.221 


380.611 



Since the demodulation modules of IS-95 are extremely computation intensive 
and can not be handled by a single CPU, utilizing multi-CPU workstations 
with shared memories or high-performance DSPs is the most practical way of 
implementing such modules. Another way of implementing the demodulation 
modules is to utilize several computers interconnected by network, but the net 
delay of such a scheme is unacceptable. 

In our approach, other modules are written in the C language and run on 
general-purpose computers. Since a single CPU(except the most advanced pro- 
cessors) is unable to perform all the signal processing (The computation of de- 
modulation modules is not counted here.) of one channel, more than one com- 
puter is used for one channel. Fig. 1 illustrates the pipeline-like architecture of 
software modules for a single channel. As is illustrated in Fig. 1, suppose that 
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Fig. 1. The Pipeline-like Structure for Single Channel Data Flow 



Channel 1 



Channel 2 



Channel M 




Fig. 2. The Block Diagram of The Multi-pipeline Structure 



there are N modules for one channel, which are denoted by Mi, M 2 , ..., Mjv- The 
data flow is sent to the computer Wi where tasks of modules Mi, M 2 , ..., M„i 
are performed sequentially, and then the output data flow is sent to the com- 
puter W 2 via network, where tasks of modules M„i_(_i, ..., M „2 are performed 
sequencially(n2>nl). This procedure continues until all of the signal processing 
is accomplished. The total delay can be represented by 

to = ^ tw + ( 1 ) 

where tw represents the processing time of each general-purpose computer and 
tr represents the network transmission delay. Since the net processing time of all 
modules is a relatively fixed value, an effective strategy to reduce tu is assigning 
as many modules as possible to each computer so as to reduce the number of 
network transmission times and thus to reduce the total network transmission 
delay. However, experiments show that having software modules occupy 100% of 
the CPU running-time is impossible since the general-purpose computer has to 
respond to interrupts and schedule its resources frequently, which also takes up 
some CPU time. Experimental results show that having 30%~40% CPU fraction 
unoccupied is most appropriate. As to the implementation of the IS-95 standard, 
about 2~3 computers are required for a single channel. 

An IS-95 base station is required to provide service for more than one users. 
As a matter of fact, as many as 64 channels can be transmitted at a single carrier 
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frequency in the IS-95 standard. A parallel-pipeline architecture is introduced 
to handle multi-channel data flows, which is illustrated in Fig. 2. Each rectan- 
gle block in Fig. 2 represents a general-purpose computer, and each ’’pipeline” 
processes the data flow of one channel. Wctr/ is the computer that controls the 
whole systems. It provides the long PN code phase information to each channel’s 
corresponding general-purpose computers and synchronize data flows of different 
channels. In our approach, the system configuration and reconfiguration opera- 
tions are also performed by Wctri- 

4 Conclusion 

This paper mainly discusses the implementation issues of realizing IS-95 in PC- 
based software radio systems. The computational requirements of each IS-95 
module is measured and presented in a % CPU metric. This paper also presents 
a parallel-pipeline architecture for multi-channel signal processing based on the 
performance evaluation results of IS-95 modules. A single commercial computer 
nowadays is unable to accomplish all the signal processing of wireless commu- 
nications. The discussions presented in this paper provide a way to solve this 
problem. 
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Abstract. We propose a call flow for vertical handover procedure and a soft 
QoS scheme using dynamic programming (DP) approach for an efficient radio 
resource management in an environment where several different radio access 
networks (e.g., WLAN and WCDMA) coexists. We compare the soft QoS 
scheme with hard QoS scheme and propose a greedy and a DP approach for re- 
source allocation scheme under a vertical handover situation. The proposed 
scheme is a promising approach for QoS support under the heterogeneous radio 
access networks. This work is supported by Korea Telecom. 



1 Introductions 

The 4“* generation mobile system will support interactive multimedia services in addi- 
tions to wider bandwidths, higher bit rates, and service portability and consist of sev- 
eral radio access networks, such as WLAN, IMT-2000 in the same area offering dif- 
ferent type of coverage (from high-speed local/nomadic wireless access to low speed 
mobile access) and support the full mobility regardless of various radio access net- 
works. The vertical handover, which handovers from one wireless access technology 
to another, is needed[2, 10,12]. Soft QoS scheme is also needed when the vertical 
handover happens. The soft QoS scheme is suggested by [6]. Its contributing factors 
include the presence of heterogeneous media compression schemes on ATM net- 
works. We apply this QoS scheme during the vertical handover under the heterogene- 
ous WCDMA and WLAN and discuss the network architecture with the converged 
agent for the IP-level vertical handover. Vertical handover call procedure based on 
Mobile IP[4, 11,3,8]. We propose a soft QoS scheme for vertical handover between 
radio access networks with different resource requirement due to its negotiability of 
resource allocation. The target of soft QoS scheme is that newly requested bandwidth 
is filled with the extra bandwidth of the other connections in an existing network. We 
propose a soft QoS scheme using DP approach[5] for an efficient resource realloca- 
tion. Finally We compare these performances in point of the number of the accepted 
handover call and operator’s profit. 

This paper is organized as follows. In section 2, we assume the converged network 
architecture, propose the vertical handover procedure, and introduce a soft QoS 
scheme. We define soft QoS scheme using DP approach in section 3. In section 4, we 
discuss the numerical results. Finally, we conclude the paper in section 5. 
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Fig. 1. IP-based media access network architecture. 



2 Problem Formulation 

2.1 Converged Network Architecture 

There are various radio access technologies that provide wireless access to mobile 
user. Each of them provides services with different characteristics. These systems be 
combined together and complement each other in certain ways to provide the users 
with different QoS under different radio access environment. An IP-based core net- 
work and an IP-based media access networks will connect them to each other. The 
mobile terminal (MT) will be equipped with multiple wireless network interfaces and 
be capable of vertical handover between the networks using Mobile IP. Fig. 1 shows 
the IP-based various radio access network architecture for systems beyond IMT-2000. 

In this paper, we consider the vertical handover problem for heterogeneous net- 
works consisting of WLAN and WCDMA. Fig. 2 shows a loose coupling network 
architecture[7]. 

For vertical handover, AP in WLAN has IP layer. WCDMA and WLAN are held 
in common AAA server for common authentication and accounting[l]. MT has dual 
MAC functionality. Mobile IP operates using HA and FA. In Fig. 2, AAAL is Local 
AAA server and AAAH is Home AAA server. 



2.2 Vertical Handover Procedure 

The various technologies span the global covering satellite systems to personal area 
networks, and can support a various date rate from several hundred bits per second to 
tens of megabits per second. The natural choice for a mobile user is to stay connected 
to a high bandwidth network such as 802.11 WLAN for as long as possible and 
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Fig. 2. WCDMA and WLAN with inter- working architecture. 



switch to an overlaying low bandwidth network such as WCDMA networks only 
when the coverage to the high speed network is no longer available[9]. We consider 
only an upward vertical handover, which is a handover from WLAN to WCDMA, 
because the handover from high bandwidth to low bandwidth cause the congestion 
and has an insufficient resource, but the handover from low bandwidth to high band- 
width has no problem in its resource allocation aspect. Fig. 3 is depicted a Mobile IP- 
based vertical handover procedure. 

Fig. 3 is described as follows 

1 . When the MT detects the receiving channel strength of Node B increasing, it initi- 
ates a Resource allocation request to the GGSN /FA. 

2. The GGSN/FA manages the message by requesting authentication to the HA. 

3. The HA authenticates the MT and responds to the GGSN/FA. The HA queues the 
packets to this MS. 

4. The GGSN/FA orders the resource allocation to node B. The node B executes 
resource allocation 

5. then, the RNC inform that the resource allocation successes to the MT. 

6. The MT sends the expected data sequence number to the HA. The HA queuing the 
packets transfers the suitable packet to the MT. 

7. The HA sends the resource release message to the Router and AP in WLAN. 

By this call flow, the lossless handover is possible during the vertical handover pro- 
cedure. By using soft QoS scheme, the efficient resource allocation will be possible. 
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Fig. 3. Mobile IP-based vertical handover call flow. 



2.3 Soft QoS 

The objective of this paper is that applications is allowed to effectively access net- 
work bandwidth on demand to suit their performance needs. As it were, existing re- 
source allocation service (Hard QoS) provide only static resource contract. But the 
vertical handover needs also to coordinate service negotiations that adjust the service 
requirements dynamically to ensure QoS requirement in the different access systems. 
The Soft QoS is satisfied with dynamic traffic requirement. That is, if the QoS re- 
quired by the handover connection cannot be supported, the handover connection 
scales its performance within the given range specified by the requirement of the 
handover connection, is called the critical bandwidth ratio, ^ [6]. Namely when the 
handover caused to congestion, the soft QoS control improves the satisfaction of 
under- satisfied connections while maintaining the overall satisfaction of active con- 
nections as highly as possible. Next, the operation of the soft QoS algorithms is de- 
scribed. Connections have different ^ , the reallocation algorithm identifies those 
connections that have the maximum ^ and the highest allocated bandwidth. Choos- 
ing the connections with the maximum ^ (donor connections) keeps the minimum 
satisfaction index of all active connections as highly as possible. Here we propose a 
greedy and DP approach choosing the donor connections. 

A greedy and DP approaches are two ways to solve optimization problems. The 
soft QoS algorithm using a greedy or DP approach is depicted Fig. 4. When the hand- 
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Fig. 4. Soft QoS algorithm using Greedy or DP approaches. 

over connection requests the bandwidth in WCDMA network, network examine 
whether the request bandwidth (BW) can be supported at the existing network. If it 
can, then network accepts this connection. If not, the network examine with the 
minimum requested BW, 5 . If it can, the network accepts this connection as the 
minimum BW. If not, the soft QoS is applied, where total knapsack limit is the re- 
quest BW, W , and a donor set is the set of donor connection i , can give the extra 
BW. 

3 Greedy and Dynamic Programming Approach 

In the knapsack problem, we have a knapsack which should be filled up to its capacity 
(VF ) with some of N connections. Each connection has bandwidth (weight) and 
profit. So we are given N connections of bandwidths WpWjvj JPiv profits 
p^, P 2 ,..., p ■ Connections are initially in order and every connection has to be 

examined in sequence in order to find the most optimal knapsack and to check if this 
connection belongs to it. This O-I knapsack optimization algorithm is used the re- 
source allocation problem using the soft QoS scheme. 

3.1 Greedy Approach 

A greedy approach is to grab data items in sequence, each time taking the one that is 
deemed best according to some criterion, without regard for the choices it has made 
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before or will make in the future. That is, a greedy strategy is to steal the connections 
with the largest profit per bandwidth of connection, first. However a greedy approach 
would not work very well if the most profitable connection had a large bandwidth in 
comparison with its profit. We can formulate the knapsack problem as follow: We are 
given a set D = {connectiorii, connection 2 ,..., connection such that each ele- 



ment connectioni has the bandwidth and profit p. and a bound on the capacity 
of the knapsack W , where W; , Pj,W are the positive integers. 






j 



IS 



The problem is to determine a subset A of D such that ^ 

connection fL A 

maximized subject to ^ w,- <W . So we can formulate our problem as follows: 
connectionjeA 
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with constraint ^ w,- <W . 

connectioni^A 



3.2 Dynamic Programming Approach 

While a greedy approach chooses the connections with the largest profit per band- 
width of connection, a DP approach always finds an optimal solution[5]. A DP ap- 
proach is similar to a greedy approach, whose total value P(N,W) is maximized. 
Let A be an optimal subset of D . There are two cases : either A contains 
connection jq or it does not. If A does not contain connection jq , A is equal to an 
optimal subset of the first N — \ connections. If A does contam connection qq , the 
total profit of the connections in A is equal to pjq plus the optimal profit obtained 
when the connections can be chosen from the first N — \ connections under the re- 
striction that the total bandwidth cannot exceed W — Wjq . Therefore, the principle of 
optimality applies. 

{ max |P(1 - 1, w), p; -I- P(i - 1, w - w,- )| if w,- < w 

‘ ‘ ( 2 ) 
P{i — 1, w) otherwise 

with constraint ^ w,- <W . 

connectioni^A 
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4 Numerical Result 

Two approaches using soft QoS have been discussed. We now compare the perform- 
ance of soft QoS with the performance of hard QoS and compare the performance of 
proposed algorithms. 

To analyze our scheme, we assume as follows: The total bandwidth is 5Mbps. 
There are are voice traffic with 10Kbps, video traffic with 300Kbps, and video traffic 
with 400Kbps. The ^ value of voice traffic with 10Kbps, video traffic with 300Kbps, 
video traffic with 400Kbps is 0, 0.3, 0.3, respectively. And the profit of traffics is 
$0.44/s, $13/s, $18/s, respectively. The existing traffic is 10 voice sources with 
10Kbps, 9 video sources with 300Kbps, and 5 video sources with 400Kbps. 




Average arrival time of 
handover connection [ms] 



Fig. 5. The comparison of soft and hard QoS. 



Fig. 5 compares the number of accepted handover connections for soft and hard 
QoS scheme. The results of both schemes show same performance when average 
arrival time of handover connections is between 0 and 28. But above 28, soft QoS 
scheme is more efficient than the hard QoS in terms of handover connection accep- 
tance, because in hard QoS scheme, the next handover connection is rejected, but in 
soft QoS scheme, next handover connection was accepted by sacrificing the donor 
connections. 

Figs. 6 and 7 compare the network utilization and the profit of vendor, respec- 
tively. We show the soft QoS scheme using a DP approach is more efficient than that 
using a greedy approach. But in the time complexity point of view, a DP approach is 
worse than a greedy approach because of the recursive functions and memory utility 
of DP. 
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Fig. 6. The comparison of network utilization. 




Fig. 7. The profit comparison. 
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N 

But in DP algorithm, if ^ W/ <WXi^ , then the algorithm is stop and we reduce 

1=1 

the computation time. As the number of handover connections are increasing, the 
network utilization and the profit of operator are decreased. But some cases, we may 
see the reverse results as well. A greedy approach would not work very well if the 
most profitable connection had larger bandwidth in comparison with its profit. Thus 
we suggest that a DP approach is better candidate for dynamic resource allocation. 



5 Conclusions 

We proposed an IP-based media access system architecture for systems beyond IMT- 
2000 supported by Korea Telecom. This paper compared soft QoS scheme for opti- 
mizing resource allocation using a greedy and DP approach during upward vertical 
handover. The proposed soft QoS scheme is more efficient in network utilization than 
existing hard QoS scheme. Even though there is a little problem in complexity, DP 
approach is a good candidate for radio resource allocation under the heterogeneous 
radio access network environment. 
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Abstract. To provide Authentication, Authorization, and Accounting (AAA) 
services. Diameter has become increasingly useful like the Remote Authentica- 
tion Dial In User Services (RADIUS). Accordingly, in case that there may co- 
exist RADIUS and Diameter in wireless LANs, protocol conversion is required 
for interworking between wireless LANs with different AAA mechanisms. In 
this paper, we propose a protocol conversion gateway that performs protocol 
conversion function and proxy function. In order to realize a protocol conver- 
sion gateway, translation between RADIUS attributes and Diameter Attribute 
Value Pairs (AVPs) is considered. In addition, procedures are newly proposed 
for terminating a particular session and re-authenticating an existing user. Fi- 
nally, conversion and proxy procedures between RADIUS messages and Di- 
ameter messages for AAA services are presented. A protocol conversion gate- 
way is designed in an AAA server based on Diameter. The scheme presented in 
this paper makes it easy to develop a protocol conversion gateway in wireless 
LANs. 



1 Introduction 

With the growth of wireless technologies rapidly, wireless LANs provide all the func- 
tionality of wired LANs, without the physical constraints of the wire itself. For exam- 
ple, wireless LANs allow for fast and easy Internet or Intranet broadband access from 
public hot spots like airports, hotels and conference centers. Accordingly, flexibility 
and mobility make wireless LANs both effective extensions and attractive alternatives 
to wired networks [1]. 

To provide Internet service for users who are in wireless LANs, first of all, users 
are to be authenticated only, authorized only or both. Currently, the Remote Authenti- 
cation Dial In User Services (RADIUS) mechanism has been widely and successfully 
deployed to provide Authentication, Authorization, and Accounting (AAA) services 
between a network access server (NAS) and an AAA server. However, the limitation 
RADIUS was a client/server protocol that required the client to initiate a request [2]. 
Therefore, to overcome RADIUS shortcomings, the new Diameter mechanism on a 
peer-to-peer basis has been designed to maximize compatibility with RADIUS and 
ease migration from RADIUS to Diameter [3]. Recently, Diameter has become in- 
creasingly useful like RADIUS in AAA infrastructures. Accordingly, in case that 
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there may coexist RADIUS and Diameter in wireless LANs, protocol conversion is 
required for interworking between wireless LANs with different AAA mechanisms. 

In this paper, we propose a protocol conversion gateway which performs a role of 
translator between RADIUS and Diameter. In addition to this basic conversion func- 
tion, the protocol conversion gateway has proxy function between a NAS and a 
RADIUS server to forward RADIUS messages. In order to realize a protocol conver- 
sion gateway, translation between RADIUS attributes and Diameter Attribute Value 
Pairs (AVPs) is considered. Additionally, procedures are newly proposed for termi- 
nating a particular session and re-authenticating an existing user. Finally, conversion 
and proxy procedures between RADIUS messages and Diameter messages for AAA 
services are presented. A protocol conversion gateway is designed in an AAA server 
based on Diameter. 

This paper is organized as follows. Section 2 briefly introduces the IEEE 
802.1 lb/802. lx, RADIUS, and Diameter as related works. Section 3 describes net- 
work architecture and protocol stack for interworking between wireless LANs. Sec- 
tion 4 presents approaches for establishment of a desired protocol conversion gate- 
way. Einally, section 5 provides the concluding remarks. 



2 Related Works 

2.1 IEEE 802.11b and IEEE 802.1x 
IEEE 802.11b 

Wireless LANs are based on the IEEE 802.11 standard. There are three physical lay- 
ers for wireless LANs: two radio frequency specifications (RE - direct sequence and 
frequency hopping spread spectrum) and one infrared (IR). Most of the wireless 
LANs operate in the 2.4 GHz license-free frequency band and have throughput rates 
up to 2 Mbps. The new 802.11b standard is direct sequence only, and provides 
throughput rates up to 11 Mbps. Currently the predominant standard, it is widely 
supported by vendors such as Cisco, Lucent, Apple, etc. The IEEE 802.11b standard 
provides security features by encrypting the traffic and authenticating nodes via the 
Wired Equivalent Privacy (WEP) protocol [4]. 

IEEE 802.1X 

The IEEE 802. lx is a next-generation draft of IEEE wireless LAN specification and 
protocols written to address the security and management pitfalls of 802.11b. 802. lx 
provides enterprises with a secure, scalable authentication solution using dynamic re- 
keying, user name and password authentication and mutual authentication. Dynamic 
re-keying, which is transparent to the user, eliminates time consuming and insecure 
key distribution and prevents brute force attacks associated with static WEP keys. 
User-based authentication eliminates security holes arising from stolen or lost equip- 
ment when device-based authentication is used, and mutual authentication mitigates 
attacks based on rogue Access Points (APs). Additionally, because 802. lx authenti- 
cation is through a RADIUS database, it also scales easily to handle growing numbers 
of wireless LAN users [5]. 
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2.2 RADIUS 

RADIUS is a software-based security authentication protocol developed by the Inter- 
net Engineering Task Force (IETF) RADIUS Working Group. The primary functions 
of RADIUS are authentication, authorization, and accounting. Through authentica- 
tion, RADIUS determines whether users are eligible to receive requested services. 
Authorization controls access to specific services on the network. RADIUS authoriza- 
tion what services a user is authorized (permitted) to access [6]. 



2.3 Diameter 

The RADIUS protocol has been widely and successfully deployed to provide AAA 
services for remote PPP/IP access. However, the limitation RADIUS was a cli- 
ent/server protocol that required the client to initiate a request. Therefore, Diameter 
was designed to maximize compatibility with RADIUS and ease migration from 
RADIUS to Diameter [7]. There are characteristics of Diameter as following [8]: 

• Supports mobile IP and roaming: solves the problem of maintaining a constant IP 
address as mobile user roams across multiple network cells and between service 
provider networks. 

• Data transport: uses of TCP or SCTP incorporates retransmission of lost packets 
and provides persistent connection 

• Proxying: provides proxy fail over and routing consistency 

• Session control: allows AAA server to pro-actively terminate a session 

• Security: supports IPSec or SSL connections between Diameter servers for greater 
message security. 



3 Architecture for Interworking between Wireless LANs 

3.1 Network Architecture 

Figure 1 shows network architecture for interworking between different wireless 
LANs. There are APs based on 802.11b and 802. lx, one RADIUS wireless LAN and 
two Diameter wireless LANs that perform authentication, authorization and account- 
ing of the user based on some profile in the network architecture. A protocol conver- 
sion gateway is designed in an AAA server based on Diameter. Also, Authentication 
Function should perform the role of both authentication and authorization. 

3.2 Protocol Stack 

Protocol stack for interworking between wireless LANs is shown in Figure 2. 802. lx 
that provides an LAP [9] authentication framework for 802-based LANs is used be- 
tween a mobile node and an AP. The RADIUS protocol is used between an AP, a 
protocol conversion gateway and a RADIUS server. The Diameter protocol is used 
between a protocol conversion gateway and Diameter AAA applications or a Diame- 
ter server after performing protocol conversion between RADIUS to Diameter. 
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Fig. 2. Protocol Stack for Interworking between Wireless LANs 



4 Proposed Protocol Conversion Gateway 

4.1 RADIUS/Diameter Protocol Conversion 

As shown in Table 1, RADIUS attributes are translated into Diameter AVPs. With a 
few exceptions, it is possible to convert RADIUS authentication and accounting at- 
tributes to Diameter equivalent ones. However, the following attributes should be 
considered. 

• Although the Destination-Realm AVP is defined in Diameter, no Destination- 
Realm attribute is defined in RADIUS. Therefore, the Destination-Realm AVP 
should be created from the realm information of NAI in the RADIUS User-Name 
attribute. 

• The Origin-Host AVP should be created from the information found in the 
NAS-IP- Address attribute or the NAS-Identifier attribute. 
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• If the Acct-Input-Gigawords attribute or the Acct-Output-Gigawords attribute are 
presented in a RADIUS accounting message, these must be used to properly 
compute the Diameter Acct-Input-Octets/Packet AVPs or the Diameter Acct- 
Output-Octets/Packet AVPs. 

• The Message-Authenticator attribute may be used to sign Access-Requests to 
prevent spoofing Access-Requests using authentication methods. However, the 
attribute can not be converted to a Diameter AVP due to not be defined in the 
Diameter draft currently. Accordingly, in this paper, messages should be secured 
by using IPSec instead. 



Table 1. RADIUS/Diameter Protocol Conversion 
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Diameter AVP 


UsHi-N.jmp 
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Connect-Info 


Connect-Info 


NAS-P-Address 


Origin-Host 




Configuration-Token 


C onfiguration-Token 


NAS-Identifier 


Tunnel-Medium-Type 


Tunnel-Medium-Type 


Vendor-Specific 


Vendor-Specific-Application-Id 




Acct-Delav-Time 


Acct-Delav-Time 


Proxy-State 


Proxy-Info 




Acct-toput-Octets 


Acct-kiput-Octets 


EAP-Messase 


EAP-Payload 
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Acct-Output-Octets 


Acct-Output-Octets 


NAS-Port 


NAS-Port 
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Service-Type 


Service-Type 
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Filter-Id 
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Acct-Input-Packets 


Acct-Input-Packets 


Framed-MTU 


Framed-MTU 




Acct-Output-Packets 


Acct-Output-Packets 


Reply-Message 
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4.2 Procedures for Session Termination and Re-authentication 

RADIUS is only an authentication infrastructure that is based on client/server con- 
cept. Therefore, a RADIUS server is able to response only when it receives a request 
from a RADIUS client. That is, it is impossible for a RADIUS server to initiate a 
message. However, Diameter is to allow a server to send a session termination mes- 
sage or a re-authentication message to a client because of being based to a peer-to- 
peer concept. 

Accordingly, to solve RADIUS drawbacks, we newly propose procedures, which 
are initiated by a Diameter server sending a session termination message and a re- 
authentication message. 

Proposed Session Termination Procedure 

When a protocol conversion gateway may receive an Abort-Session-Request message 
from a Diameter authentication function to stop providing service for a particular 
session, its actions are shown in the (a) of Figure 3. The proposed session termination 
procedure is as follows: 
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Fig. 3. Procedures for Session Termination and Re-authentication 

• If the session identified by the Session-Id in an Abort-Session-Request message is 
not currently active, Result-Code is set to DIAMETER_UNKNOWN_SESSION_ID. 
And then, a protocol conversion gateway should send an Abort-Session-Answer 
message to a Diameter authentication function. 

• If the session is currently active, Result-Code is set to DIAMETER_SUCCESS. 
Unless otherwise noted, this is because an Abort-Session-Answer message is al- 
ways handled as a failure by a Diameter authentication function. After transmit- 
ting a Diameter answer message, the protocol conversion gateway must release all 
state information related to the user’s session. 

• After session termination procedure is completed, if the protocol conversion gate- 
way may receive an Access-Request message to re-authenticate a user within a 
specified Session-Timeout from an AP, it should send an Access-Reject message 
to the AP because of no existing the user’s session information. 

Proposed Re-authentication Procedure 

When a protocol conversion gateway may receive a Re-Auth-Request message from a 

Diameter authentication function to re-authenticate an existing user, its actions are 

shown in the (b) of Eigure 3. The proposed re-authentication procedure is as follows: 
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• Upon receipt of a Re-Auth-Request message, a protocol conversion gateway 
can not send the message to an AP. Therefore, it sends Re-Auth-Answer 
to a Diameter authentication function hy setting the Result-Code to DIAMETER_ 
UNABLE_TO_COMPLY. On receiving the Re-Auth-Answer message with the 
error, the Diameter authentication function must perform session termination 
procedure described above in order to terminate a user session. 

4.3 Conversion and Proxy Procedure for AAA 

Conversion and Proxy Procedure for Authentication and Authorization 

Eigure 4 shows conversion and proxy procedure for authentication and authorization 
between RADIUS messages [10] and Diameter messages [11]. We can consider four 
cases where protocol conversion function and proxy function may be performed. The 
first case is when a Diameter subscriber is in a Diameter home wireless LAN. The 
second case is when a Diameter subscriber is in a Diameter visited wireless LAN. The 
third case is when a RADIUS subscriber is in a Diameter visited wireless LAN. Ei- 
nally, the fourth case is when a Diameter subscriber is in a RADIUS visited wireless 
LAN. In these cases, the functions of a protocol conversion gateway are as follows: 

• IEEE 802.11b Association and 802. lx Authentication 

Once IEEE 802. 1 Ib association has been established between a mobile node and 
an AP successfully, the AP may receive an EAP-Response message with NAI 
from the mobile node for IEEE 802. lx authenticating. And then, the EAP packet 
is encapsulated in a RADIUS Access-Request message. The AP sends the mes- 
sage to a protocol conversion gateway in cases of (a), (b), and (c), or to a RADIUS 
server in case of (d). 

• Authentication and Authorization Request Message Receiving 

On receiving the Access-Request from the AP or the RADIUS server, the protocol 
conversion gateway has to determine whether a user is a subscriber in a RADIUS 
wireless LAN or in a Diameter wireless LAN by using the realm information in 
NAI of the mobile node. 

• Authentication and Authorization Message Conversion 

In case of a Diameter subscriber, RADIUS attributes of the Access-Request mes- 
sage are translated to Diameter AVPs of a Diameter-EAP-Request (DER) mes- 
sage. The protocol conversion gateway sends the DER message to a Diameter au- 
thentication function. On receiving a Diameter-EAP- Answer (DEA) message from 
the Diameter authentication function. Diameter AVPs are translated to RADIUS 
attributes to create one of RADIUS messages (Access-Challenge, Access-Accept, 
and Access-Reject). 

• Authentication and Authorization Message Proxy 

In case of a RADIUS subscriber, the protocol conversion gateway sends the Ac- 
cess-Request message to a RADIUS server without translating. And then, it re- 
ceives one of RADIUS response messages from the RADIUS server. 

• Authentication and Authorization Response Message Sending 

The protocol conversion gateway sends a translated or proxied RADIUS response 
message to the AP or the RADIUS server. 
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Fig. 4. Conversion and Proxy Procedure for Authentication and Authorization 



Conversion and Proxy Procedure for Accounting 

An accounting message is sent immediately after the authentication and authorization 
of a user is successfully completed. In case that a Diameter user is in Diameter home 
wireless LAN, Figure 5 shows conversion procedure for accounting between 
RADIUS messages [12] and Diameter messages [13]. 

In the (a) procedure of Figure 5, an AP sends an Accounting-Request message with 
an Acct-Status-Type that is set to the value START or INTERIM-UPDATE to a pro- 
tocol conversion gateway. RADIUS attributes of the Accounting-Request message are 
translated to Diameter AVPs of an Accounting-Request message. The protocol con- 
version gateway sends the Accounting-Request message to a Diameter accounting 
function. On receiving an Accounting-Answer message from the Diameter accounting 
function, Diameter AVPs are translated to RADIUS attributes of an Accounting- 
Response message. The protocol conversion gateway sends the RADIUS response 
message to the AP. Accounting information such as start time, stop time, number of 
traffic packet or octets is stored into a log file that may be maintained temporarily by 
the protocol conversion gateway. 

In case of being terminated Internet service of a user, the (b) procedure of Eigure 5 
shows accounting stop and session termination procedure. An AP sends an Account- 
ing-Request message with an Acct-Status-Type that is set to the value STOP to a 
protocol conversion gateway. RADIUS attributes of the Accounting-Request message 
are translated to Diameter AVPs of an Accounting-Request message. The protocol 
conversion gateway sends the Accounting-Request message to a Diameter accounting 
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function. On receiving an Accounting-Answer message from the Diameter accounting 
function, Diameter AVPs are translated to RADIUS attributes of an Accounting- 
Response message. And then, the protocol conversion gateway sends the RADIUS 
response message to the AP. Also, in order to terminate a session, the protocol con- 
version gateway must issue a Session-Termination-Request message and send the 
message to a Diameter authentication function. On receiving a Session-Termination- 
Answer from the Diameter authentication function, the protocol conversion gateway 
must release all state information related to the user’s session and accounting infor- 
mation in the log file. 



Diameter Server 




Fig. 5. Conversion Procedure for Accounting 




Fig. 6. Proxy Procedure for Accounting 



Figure 6 shows proxy procedure for accounting in case that a RADIUS subscriber 
is in a Diameter visited wireless LAN. On receiving an Accounting-Request message 
with an Acct-Status-Type that is set to the value START, INTERIM-UPDATE or 
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STOP from an AP, a protocol conversion gateway should send the message to a 
RADIUS server without translating. And then, it sends a proxied RADIUS response 
message to the AP. 



5 Conclusions 

In this paper, we discussed a protocol conversion gateway for interworking between 
wireless LANs with different authentication, authorization, and accounting (AAA) 
mechanisms. For the protocol conversion gateway, RADIUS attributes to Diameter 
AVPs translation is considered. Additionally, procedures are newly proposed for 
terminating a particular session and re-authenticating an existing user. Finally, con- 
version and proxy procedures between RADIUS messages and Diameter messages for 
AAA services are presented. The scheme presented in this paper makes it easy to 
develop a protocol conversion gateway in wireless LANs. For the further work, we 
will develop the protocol conversion gateway proposed in this paper. 
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Abstract. This paper proposes the use of TCP-Traffic differentiated 
model at wired-and-wireless boundary to alleviate the degradation of 
TCP performance and to reduce the energy expenditure. We assume that 
the wireless link is the bottleneck, which causes packet to be buffered at 
wired-cum-wireless interface buffer. This packet buffering at boundary 
node will cause the long delay for TCP retransmission packet and in- 
crease the energy expenditure by generating unnecessary ACK packets. 
These problems will be serious when the asymmetric link characteristic 
for wireless link is taken into account. Using ns-2 simulator, the perfor- 
mance of proposed algorithm is compared against those of Reno, Snoop 
protocol. The results of simulation experiments show that it achieves 
higher throughput, lower packet delay, and lower energy expenditure. 



1 Introduction 

The TCP/IP(Transport Control Protocol/Internet Protocol) is widely used in 
the Internet for end-to-end reliable and robust communications. However, it has 
been widely demonstrated that TCP exhibits poor performance over wireless 
networks [1,9]. 

The performance problems of current TCP implementations (Reno, Tahoe, 
NewReno) over Internet of heterogeneous transmission media stem from inherent 
limitations in the error recovery and congestion-control mechanisms they use. 

Several schemes have been proposed to alleviate the impact of the non- 
congestion-related losses upon TCP/IP performance over wired-cum-wireless 
networks [4,5,6]. All of these solutions have, however, concentrated on only one 
problem associated with wireless links - a perceived high bit-error rate(BER) 
over the wireless link. While a high BER has significant implications for pro- 
tocol performance, other limitations of the wireless environment are equally or 
more important than high BER(e.g. energy expenditure). In this paper we study 
the effects of packet retransmission delay on TCP performance and develop a 
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TSDM(TCP-Segment Differentiated Model) that successfully deals with these 
problems. 

The retransmission delay for TCP includes transmission, propagation and 
queuing delays for individual packets in network buffers. TCP timers are sensitive 
to per-packet delays, and therefore these components can perceptibly affect the 
TCP performance. Also, the key to throughput and energy efficiency in a reliable 
transport protocol is the error control mechanism. TCP error-control does have 
some energy-conserving capabilities: in response to segment drops, transmission 
effort. 

Unlike many other solutions, our protocol maintains end-to-end TCP se- 
mantics. The aim here is not only to alleviate TCP performance degradation 
due to packet loss, but also to avoid the transmission of unnecessary duplicated 
ACK that increases energy expenditure in mobile host. Also, providing higher 
throughput with minimum changes in the existing TCP/IP implementations and 
applications ,is other objective of this paper. Finally, the new schemes presented 
here do not assume explicit knowledge about segment information in the TCP 
header. 

The performance of proposed algorithm is demonstrated by using ns-2 sim- 
ulator. The performance of proposed algorithm is compared against those of 
Reno, Snoop, Snoop using TSDM. The results of simulation experiments us- 
ing the actual code of TCP-Segment differentiated model show that it achieves 
higher throughput, lower packet delay, and lower energy expenditure. 

2 Related Works 

2.1 TCP Overview 

TCP Tahoe was the first modification to TCP. The newer TCP Reno included 
the Fast Recovery algorithm [1]. This was followed by New Reno [4] and Par- 
tial Acknowledgment mechanism for multiple losses in a single window of data. 
TCP obtains reliability through the use of positive acknowledgments (ACKs) 
with retransmission. The receiver advertises a window size, and the sender en- 
sures that the number of unacknowledged bytes does not exceed this size. For 
each segment correctly received, the receiver sends an acknowledgment which 
includes the sequence number identifying the next in-sequence segment (byte). 
The versions of the protocol differ from each other essentially in the way that 
the congestion window is manipulated in response to acknowledgments. While 
they handle congestion in a way that results in network stability, their reaction 
to congestive losses can result in less than optimal throughput even in the ab- 
sence of wireless errors. Their throughput becomes even lower with a mixture 
of congestive and wireless losses since they can not distinguish between the two 
cases. 

2.2 Pervious Solutions 

The research to solve the performance degradation of TCP over lossy wireless 
links is an area of active research. Solutions at lower protocol levels attempt to 
recover losses by using forward error correction (FEC) at physical layer. 
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Solutions based on higher-level protocols attempt to fool TCP by hiding the 
lossiness of the wireless link. Pervious solutions fall into three major categories: 
Link Layer, Split Connection, and Proxy. 

Each of the link-layer improvement methods attempts to make the wireless 
link appear like a slower, reliable (i.e. low error rate) link to the TCP sender. 
Reliability can be accomplished using forward error recovery (error corrective 
coding), automatic repeat requests (ARQ) for lost frames, or a combination on 
both. Besides the methods used to provide reliability, link-layer protocols also 
differ in how they deliver frames to the layers above them. 

Split connection protocols distinguish errors on the wireless link from conges- 
tive losses by dividing the end-to-end connection into separate wireless and wired 
connections. The most well known of the split connection approaches are indirect 
TCP(I-TCP) [2], Mobile-TCP(M-TCP) [3], and Wireless-TCP(W-TCP). 

In a proxy approach, a proxy is inserted between sender and receiver to 
help TCP’s performance. A well known example of this approach is the Snoop 
protocol [5], which is tailored to the case in which mobile hosts are attached 
to the Internet through a wireless link to a base station. The Snoop module 
runs above IP at the base station and is responsible for retransmitting lost 
packets and suppressing duplicate TCP acknowledgments by sniffing all packets 
entering an interface before they are passed on to IP. A snoop base station caches 
packet received on the wired link and then forwards it to the mobile host. The 
agent maintains round-trip-time estimates for the wireless link and performs 
local retransmission if an ACK is not received before the timer expires. 

However, Most of above solutions that include Snoop, W-TCP, and M-TCP 
are rarely considered the effects for queuing delay of TCP-segment retransmis- 
sion at base station and energy expenditure by generating unnecessary dupli- 
cated ACK. 

3 TCP-Segment Differentiated Model 

In this section, we specify the TCP-Segment Differentiated Model to improve 
TCP performance with minimized queuing delay for TCP retransmission seg- 
ment and to reduce energy expenditure. 

3.1 The Architecture of TCP-Segment Differentiated Model 

We briefly summarize the main points of the TSDM that is proposed in this 
paper. We are interested here in the delays due to wired-cum-wireless-induced 
queuing delay and packet loss. In this paper, we achieve the goal of reduc- 
ing bandwidth-limitation-induced queuing for TCP retransmission using TSDM, 
such as those defined in the IETF DiffServ architecture [6] , and in the Expedited 
Forwarding (EE) service in particular. The EE is to support premium service, 
which has been proposed as a virtual leased line. Providing low loss rate, low 
delay, low jitter and an assured throughput is the main goal of premium service. 

We first present the queuing discipline and queue scheduling algorithm re- 
quired in boundary routers, then discuss the service agreements between the 
base station and its mobile hosts, and the associated mechanisms. 
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A. Queuing Discipline and Queue Scheduling 

To implement premium service in IP networks, the packet scheduler at a bound- 
ary router must meet the EF goals. Among the various proposed packet schedul- 
ing schemes, priority queuing and weighted round robin have attracted a great 
deal of attention as the means of realizing EF due mainly to their simplicity. 
They have been evaluated by simulation experiments [7] . The simulation results 
show that priority queuing can provide lower delay and lower jitter for an EF 
flow than weighted round robin. 

In this paper, we use the type of TCP packet as queuing metrics for priority 
queue. The functional architecture in boundary router is less complex than the 
network edge router in Diffserv architecture as there is no need for per flow clas- 
sification and traffic policing. TCP-traffic classes used in this paper are divided 
into the three main categories as Table 1: 

Table 1. Service Class in TSDM 



Priority 

Level 


Code- 

Point 


Description 


High 

Priority 


0x07 


• TCP retransmission packet, or Duplicated ACK packet 
from mobile host in early loss phase. 


Medium 

Priority 


0x00 


• Normal TCP Data packet, or Normal TCP ACK packet. 


Low 

Priority 


0x03 


• TCP data packet to the mobile host, which three more 
duplicated ACK was already sent to the correspondent 
node, or ACK packets from mobile host, which three 
more duplicated ACK was already sent to the correspon- 
dent node. 



In table 1, the code-point for each service class MUST be defined as localized 
value in wireless networks. Therefore, its value has not the meaning in wired 
networks and treated as normal TCP packet at all routers in wired networks. If 
total service rate is 1.1, then 

HPr+LPr+MPr = l.l (1) 

where HP^. is the service rate of High Priority class, LP^. is the service rate of 
Low Priority class and MP,^ is the service rate of Medium Priority class. We 
suggest the upper limit of HP^. is 1, and the rest of service rate to be used by 
LP^(0.02) and MP^(0.08). 

Whenever there are packets in the high-priority queue, they are sent before 
packets in the low-priority queue and medium-priority queue. In order to prevent 
high priority traffic from starving low-priority traffic, we use token bucket filter, 
which enforce a rate of at most 1Mbps. Fig 1. shows a queuing discipline and 
Queue Scheduling. 

3.2 Marking Algorithm 

In this section, we specify the marking algorithm in TCP module. We suggest 
the modification of the existing TCP module on sender/receiver side. For the 
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Fig. 1. A queuing discipline and Queue Scheduling 




Fig. 2. Marking Algorithm at sender side 



sender side, the TCP module supports the high priority marking module for all 
retransmission packets. For the receiver side, the TCP module supports the low 
priority marking module for three more duplicated ACK packet. Both sender side 
and receiver side, all normal TCP packets do not require Marking Processing. 
Fig 2. shows the Marking algorithm at sender side. 

4 Performance Evaluations 

4.1 Simulation Setup 

This study relies on computer simulations, using ns-2. Therefore, we pay partic- 
ular attention to the design of an accurate and realistic simulation setup, which 
we describe in this section, justifying the choices made along the way. Unless oth- 
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Difrection of Data 




erwise noted, the parameters specified below were used for all the experiments 
in this paper. 

A. Network Scenario 

To illustrate the issues at hand, it is sufficient to consider one network bottle- 
neck(boundary router), shared by all connections. We therefore use asymmetric, 
multi-hop topology, as shown in Fig. 3. 

Each mobile host is connected to boundary router, and each fixed host is 
connected to its local routers. R(l) and R(2) are connected via one router(R(0)), 
and the link capacity and the one-way propagation delay between an fixed-host 
and local router are 10 Mbps and 100ms, respectively. However, the bandwidth 
and the link delay between base station and mobile host are set to 2Mbps and 
2ms, respectively. Also, all routers in the simulated topology utilize a drop-tail 
queuing strategy. 

The size of TCP data packet is set to 1460 bytes and the size of TCP control 
packet is set to 40 bytes. For R(0) and R(l), and R(2), their buffer sizes at all 
routers are set to 100 packets. For premium service, according to the recommen- 
dations in the IETF proposals, the buffers size at base station is set to 2. 

The server(FH(l)) in wired networks establishes a TCP connection with mo- 
bile host(MH(l)), and the data source between FH(2) and MH(2) is a CBR 
(constant bit rate) flow that sends 512Kbyte packets every seconds. And the 
data source between FH(3) and MH(3)is a CBR flow that sends 1024Kbyte 
packets every seconds. In this simulation, we build a network loss module in 
downstream links, and set uniform random loss level rate from 10“®to 10“^. 

B. Simulation Results and Analysis 

The primary goal of these experiments was to investigate the behavior of TCP for 
different error rates on the wireless link. The effect of increasing the rate of errors 
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Fig. 4. Average throughput 



is shown in Figure 4. As expected, the loss of packets causes retransmissions to 
occur and these results in increased completion time and decreased throughput. 
Figure 4 shows the average throughput for Reno, Snoop, Reno using TSDM, 
and Snoop using TSDM. As can be seen from Fig. 4(a) below, Reno and Reno 
with TSDM exhibit somewhat similar behavior for 10“® ~ 10“^. Due to the low 



160 Jin Woo Jung et al. 




Fig. 5. Overhead of ACK packet /Data Packet 

BER, the protocols do not get the opportunity to demonstrate the packet loss 
effect over wireless link. The situation, however, changes when the mean error 
rate of wireless link grows to 10“"* (Fig- 4(b)). 

The TSDM shows more improved throughput than Reno, but its throughput 
is lower than Snoop protocol as it only considers TCP retransmission delay. As 
the TSDM can be used as one building block for the existing solutions, TSDM 
module can be inserted any other solutions (like as Snoop protocol, W-TCP, 
M-TCP, etc). In this paper, we show the average throughput of Snoop using 
TSDM. The Figure 4 shows that the Snoop protocol can gain higher throughput 
than the original Snoop by using TSDM. 

Figure 5 shows results where the proposed algorithm calculates the overhead 
for [Total size of ACK packets] /[Total size of data packets]. Higher overhead 
means higher energy expenditure (cost for generating duplicated ACK packet). 
Figure 5 shows that the Snoop protocol using TSDM reduces the energy expen- 
diture up to 20%, and the TSDM reduces more energy expenditure than Reno 
by increasing BER. 

5 Conclusion 

This paper has proposed a novel method using TCP-segment Differentiated 
Model for avoiding the generation of unnecessary duplicated ACK and improv- 
ing the TCP performance. It improves the total TCP throughput by reducing 
the generation of unnecessary ACK and by minimizing the Retransmission delay 
of TCP data packet. Simulation results show the throughput improvement up 
to 25%. Also, our simulation results show that the proposed scheme can achieve 
lower loss rate, lower delay and lower delay jitter than TCP Reno. 
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A single commercial computer nowadays is unable to accomplish all the signal 
processing of wireless communications. The discussions presented in this paper 
provide a way to solve this problem. However, several aspects of the simula- 
tor don’t match the behavior of actual implementations at all. For example, in 
the simulator each TCP connection deals with packets, not segments. For each 
connection, it is possible to specify the data and acknowledgement packet sizes 
in bytes, but the simulator does not provide for two-way data within a single 
connection. 

In summary, we believe that this work provides experimental evidence that 
additional modifications are needed to the TCP protocol to accommodate the 
presence of wireless links. Our investigation of these issues is continuing. 



References 

1. M. Allman, V. Paxson, W. Stevens, ’’TCP Congestion Control”, RFC 2581, April 
1999. 

2. A. V. Bakre and B. R. Badrinath, ’’Implementation and Performance Evaluation of 
Indirect TCP”, IEEE Transactions on Computers, Vol. 46, Number 3, March 1997, 
pp. 260-278. 

3. Kevin Brown and Suresh Singh, ”M-TCP: TCP for mobile cellular networks”. In 
communications Technical Manula, 1995. 

4. S. Floyd, T. Henderson, ’’The New Reno Modification to TCP’s Fast Recovery 
Algorithm”, RFC 2582, April 1999. 

5. H. Balakrishnan, S. Seshan, and R. Katz. ’’Improving reliable transport and handoff 
performance in cellular wireless networks”, ACK wireless Networks, Dec. 1995. 

6. Blake S., et ah, ”An Architecture for Differentiated Services, RFC 2475, Dec. 1998. 

7. V. Jacobson, K. Nichols, and K. poduri, ”An Expedited Forwarding PHB”, Internet 
Draft, June 1999. 

8. S. Floyd, TCP and Explicit Congestion Notihcation, ACM Cmputer Communication 
Review, Vol. 24, 1994 Oct. 

9. Balakrishnan, H., V. N. Padmanabhan, Seshan, S., Katz, R., ”A Comparision of 
Mechanisms for improving TCP performance over Wireless Links”, ACM SIG- 
COMM’96, CA. August 1996. 




Dynamic Offset Contention Window (DOCW) 
Algorithm for Wireless MAC in 802 . lie Based 
Wireless Home Networks 



Tae Hyung Kim^, Ludger Marwitz^, and Dong Ku Kim^ 



^ Department of Electric and Electrical Engineering 
Yonsei University, Seoul, Republic of Korea 
{phil4u,dkkim}@yonsei . ac .kr 
^ Siemens mobile, Neutorplatz 3-4 D-46395 Bocholt, Germany 
Ludger .MarwitzSsiemens . com 



Abstract. To differentiate services for various traffic categories (TCs) 
in 802.11eD.2.0 P], TCs possess different minimum contention window 
{CWmin) values, which are static over duration. Performances of low 
priority traffics (ETP) with higher CWmin values are suppressed even 
during absence of high priority traffics (video and voice). In this paper, 
we propose a modified backoff scheme called Dynamic Offset Contention 
Window (DOCW) algorithm, which dynamically adjusts CW values of 
traffics to network conditions. It is shown by simulations that the pro- 
posed algorithm enhances throughputs of low priority traffics where QoS 
is provided as well. 



1 Introduction 

With the evolution of the home computing environment, demand for home net- 
works in markets is growing dramatically and various standardization bodies 
are endeavoring to launch specifications for home networking media. HomePNA 
(Home Phoneline Networking Alliance), HomePlug Power Line Networking Sys- 
tem, 10/100 Ethernet with UTP-5, and IEEE1394 are those for cabled home 
networks. For wireless home networks, there are Bluetooth, IEEE 802.11 Wire- 
less LAN, HomeRF (Home Radio Frequency) and HiperLAN/2. 

Alongside applications such as web browsing, email and FTPs, the growing 
demand for entertainment via Wireless LAN has given rise to the need for QoS 
to be supported in home networks. 

Meanwhile, conventional IEEE 802.11 MAC |2| specifies Point Coordination 
Function (PCF) and Distributed Coordination Function (DCF) in which the 
latter is commercially successful and the former is not. The IEEE 802.11 Task 
Group e (TGe) has proposed a draft of a MAC layer specification Pj, enhancing 
the current 802.11 MAC to service LAN applications with QoS requirements. 

The draft introduces two types of access schemes: Hybrid Coordination Func- 
tion (HCF) contention-based channel access and HCF polled channel. The for- 
mer is also called Enhanced DCF (EDGE) evolved from DCF while the latter is 
merely HCF evolved from PCF. 
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Fig. 1. The Basic Access Method of EDCF 

Little work has been published for 802. lie. In |2j, A. Lindgren et al. have com- 
pared various QoS MAC schemes, including EDCF, for 802.11 Wireless LANs. S. 
Mangold et al. have investigated QoS aspects of 802. lie in ^ where both EDCF 
and HCF have been studied. The contributions of this paper are to investigate 
EDCF in wireless home networks and proposed a novel algorithm. 

In section 2, EDCF is explained. Performance degradation due to static QoS 
parameters in EDCF is shown in section 3. The Dynamic Offset Contention Win- 
dow algorithm is proposed in section 4. The simulation environment is described 
in section 5. Section 6 shows the simulation results of EDCF incorporated with 
the proposed algorithm and conclusions are made in section 7. 

2 Enhanced DCF (EDCF) 

An EDCF uses Carrier Sense Multiple Access/ Collision Avoidance (CSMA/CA) 
0 with the binary exponential backoff scheme. Figure Q] illustrates the basic 
access method of an EDCF. 

Each queue in enhanced stations (QSTAs) hears other QSTA (or a queue) 
transmitting a frame into the medium by Carrier Sensing (CS). When the 
medium becomes idle, QSTAs shall wait for a duration defined as Arbitration 
Inter-Frame Space (AIFS) before data transmission. In order to avoid the possi- 
ble contention among QSTAs transmitting packets right after AIFS, each active 
queue in QSTAs draws a pseudorandom number in slots called BackoffTimer, 
decrements and freezes it when the medium becomes busy . When the Backoff- 
Timer reaches zero before the medium becomes busy, the QSTA (or the queue) 



transmits the backlogged frames. 

Random{i) = uniform{l, C'W[i] -I- 1) (1) 

CWnew[i\ = {{CWold[i] + l)>iPF)-l (2) 

Backof fTime[i] = Random{i) x aSlotTime (3) 

dotllCWra^n < CW[i\ < dotllCWmaa^ (4) 
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Equation dU-O numerically represents backoff procedure of EDGE. O (0 
Random(i) is drawn between [1, CW[i]+l] where CW[i] is an integer between 
dotllCWmin and dotllCWmax- (Otherwise stated, dotllCWmin and 
dotllCWmax will be written as CWmmand CW^ax respectively for convenience.) 
(01 BackojfTimefi] is calculated by multiplying aSlotTime to the drawn Ran- 
dom[i]. 0) Upon every retry or after successful transmission of frames, current 
CW value {CWnew) should be readjusted. CWmin is the initial value of CW. 
It should also be noted that the Persistence Factor (PE) in (0| can be used to 
adjust the increase pattern of CW. The CW value for the next retry {CWne^j) 
is increased PE times as much as current value {CWoid)] In case of PF=2, the 
CW increases binary-exponentially. 



3 Two Inherited Problems of EDCF 

Along with multiple queues in an QSTA, QoS can be supported by adjusting 
the QoS parameters such as AIFSfTC], PF[TC], CWminfTC], and optionally 
CWjnax[TC] 0]. When the default values of AIFS and PF are chosen (i.e. 
AIFS=DIFS and PF=2), CWmin of each TC should be adjusted to support 
QoS. The general CWmin allocation policy is to allocate smaller values to the 
traffics of higher priorities. For example, CWmin=W for voice, (7ITmin=31 for 
video and C'ITmm=63 for FTP. 

Under the GIT allocation policy above, the static combination of CWmin val- 
ues is not efficient when only lower priority traffics demand services. FTPs always 
have to draw the BackoffTime over the interval [1, 64]. When FTP coexists with 
voice of video (called coexistence period), this combination of CWmin values is 
acceptable. However, even though FTP is the only demanding TC over a cer- 
tain duration (called stand-alone period of FTP), FTP suffers from throughput 
degradation due to large CWmin- This is termed as the static QoS parameters 
problem. 

Figure 0 shows ranges of Random(i) over the number of retries and TCs. 
The ranges in case that the number of retries is 3 are depicted on the left top 
of Figure 0 The range of [1,128] is overlapped by all the TCs and [129,256] by 
video and FTP. FTP may have smaller BackoffTime[i] , take up the medium and 
degrade the performance of multimedia traffics. This is termed as the overlapped 
area problem. 

4 Dynamic Offset Contention Window (DOCW) 
Algorithm 

4.1 Usage of CWoffset 

The probability that an QSTA gains access to the medium depends on other 
competing QSTAs, other competing queues in the QSTA, and the corresponding 
BackojfTimefiJ. When an offset value for the drawn integer Random(i) is set 
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Fig. 2. Ranges of Random(i) at AIFS—DIFS, PF=2, CWmin=^5 (voice), 31(video), 
63 (FTP) 



as in Equation the range of Random(i) becomes [CWo//set+l, CWoffset 
+ CW[i]+V\. 



Random{i) = uniform{l, + 1) + CWoffset (5) 

In FigureEl the range of Random(i) is illustrated with and without CWoffset 
where CWof fset=CW[i]. When the draw starts simultaneously for both traffics, 
the traffic on the right most probably transmits a frame prior to that on the left 
since the traffic on the right always draws Random(i) equal or smaller than that 
on the left. Priority can be given between two traffics by introducing CWoffset 
in Random(i). By allocating different CWoffset values to different TCs, differ- 
entiation among TCs is statistically achievable. 

4.2 The DOCW Algorithm 

The basic principle of the proposed DOCW algorithm is to yield the share 
of lower priority traffics to higher priority traffics by dynamically adjusting 
CWoffset values according to the network conditions. The numerical expression 
of the proposed scheme is presented in Equation ®-®. 

Randomii) = uniform{l, + 1) + DOV[i] (6) 

DOV[i\ = {CW\i] -k 1) X PF~^^ - 1 (7) 

DOCW\i] = CW[i] F DOV[i\ (8) 

In Equation o, since the Dynamic Offset Value (DOV) is added to the pseu- 
dorandom integer, the range of Random(i) is [DOV[i]+l, DOV[i]+CW[i]+l\. 
DOV is calculated by geometrically decreasing the current CWsize as given in 




166 



Tae Hyung Kim, Ludger Marwitz, and Dong Ku Kim 




Fig. 3. Priority between Traffics by CWoffset 



0 . Dynamic Factor {DF) is used to adjust the degree of decrement of CW. The 
larger DF is, the smaller DOV[i] is. The Dynamic Offset Contention Window 
{DOCW) value, DOCW[i] in Equation 0, is the sum of CW[i] and DOV[i] 
that represents the upper limit of the range of pseudorandom integer at a given 
DF, i.e. Random(i) is between [DOV[i]+l, DOCW[i]+l]. 

At PF=2, DOV is computed by shifting the current CWto the right as much 
as DF as given in Equation In case of DF=2, DOV is computed by simply 
doing right-shift the current CW twice. In case of (71^=6310 (or CW=llllll 2 ), 
the corresponding DOV is DOF=15io (or DOV =11112, which (711^=1111112 
is shifted twice to the right). 

DOV[i\=CWr,en,[^» DF (9) 

One example of DF allocation is DF =2 for FTP, DF =3 for video and DF =4 
for voice. Even when PF and CWmin values of all TCs are fixed to the same 
value as 2 and 15 respectively, QoS can be supported since FTP yields some 
of its portion to video and voice, and video yields some of its portion to voice 
by the distributed range of Random(i) during the coexistence period and FTP 
retrieves its portion during stand-alone period of FTP by initializing offset value 
to zero. 
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Fig. 4. (a) A Wireless Home Network Scenario (b) The Protocol Stacks of Services (c) 
Frame Error Model 



5 Simulation Environment 

We modified the NS-2 |7| (Network Simulator) Atheros EDCF semi-package for 
more accurate simulation of 802.11a PHY |^. NS-2 is an event-driven simulator 
developed at UC Berkeley and evolved into Atheros EDCF semi-package to 
support the QoS enhancement feature of EDCF in 802. lie. 

Figure a (a) shows a wireless home network scenario. The home server is 
linked to the Internet via a wired infrastructure and there are two uplink FTPs, 
two bidirectional voices, and one downstream video in the scenario. The FTPs 
are uplink, rather than downlink, to increase competitiveness among QSTAs; 
Consequently 5 QSTAs in asymptotic conditions, i.e. frames are always ready 
for transmission, compete for the medium. 

The whole protocol stacks for the scenario is given in Figured (b). In the 
application layer, digital TV, MPEG-2 at 8 Mbps with the packet size of 2,000 
bytes, is considered for video and G.726 ADPCM (Adaptive DPCM) voice codec 
without mixer and header compression is employed for voice. In case of file 
transfer traffics, TCP Tahoe is used and FTP in the application layer has the 
packet size of 1,500 bytes. We approximate video with CBR (Constant Bit Rate) 
and voice with two CBRs with the offset of 0.107 seconds. The offset time is 
employed to take into account of the response time that takes one end user turn 
around to the other. 

Since 802.11a is considered for the PHY, CWmin=^^ and C'lEnax=1023. 
AIFS[TC] is set to the default value of DIFS (34us). In our simulations, data 
frames are transmitted at 54 Mbps and control frames at 6 Mbps. PHY layer 
errors are also modeled with the linear frame error model given in Figure 0 (c). 
The FER (Frame Error Rate) at the frame size of 2000 bytes is set to 0.2 for 
the simulations and the FER at different frame size is linearly proportional to 
the frame size. For example, FER=0.1 at the frame size of 1,000 bytes. 

6 Simulation Results 

6.1 Notations 

For notional convenience, the values of a parameter for the traffic classes are 
described as MAC scheme/ parameter / values where the Values’ are given in the 
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Table 1. FTP Throughput Comparison: DOCW vs. EDCF 



MAC 

Scheme 


Ave. Throughput (Mbps) 
Flow 2 Flow 3 


Max. Throughput (Mbps) 
Flow 2 Flow 3 


DOCW 

EDCF 


7.14 4.85 

6.39 4.77 


12.28 6.24 

10.50 6.18 



Table 2. Goodput Comparison: DOCW vs. EDCF 



MAC Scheme 


Ave. Goodput (Mbps) 


Max. Goodput (Mbps) 


DOCW 


13.24 


15.83 


EDCF 


12.14 


15.69 



order of ’ftp-video-voice’. For example, 802. lie/ aCWmin/SS-Sl-lS represents 
that aCWmm=63 for ftp, aCWmin=31 for video, and aCWmin=15 for voice are 
used for 802. lie. It should also be noted that 802.11e/aC'lF/„m/63-31-15 implies 
SQ2.lle jCWmax! 4095-2047-1023. 

6.2 Throughput Improvement by DOCW 

In NS-2, the traffic source such as CBR generates packets at the given rate over 
the interval the traffic source is turned on. For the simulations in this subsection, 
FTPl (flow2) is on during [1.0, 13.0] seconds; FTP2 (flow3) [3.0, 11.0]; voicel 
(flow4 for uplink and flow5 for downlink), voice2 (flow6 for uplink and flow? for 
downlink) and video (flow8) [5.0, 9.0] with individual offsets of 0.107 seconds 
for start-up. The stand-alone period of FTP is [1.0, 5.0] and [9.0, 13.0], and 
the coexistent period is [5.0- 9.0]. Therefore the time-share ratio of coexistence 
period and stand-alone period of FTP is 1/2. 

In Figure 0, the performances of EDCF and the proposed scheme are com- 
pared. It is found from exhaustive research that EDCF/aClEmm/ 63-31-15 (Fig- 
ure 0a) achieves the highest FTP throughput with QoS support for EDCF. The 
average throughput of flow2 and flow3 are improved by 10.9% and 9.1% respec- 
tively (Table 0 ) . During [1.0, 3.0] when only flow2 is active, the throughput is 
improved by 17%. Total and maximum goodput is improved by 9% and 0.9% 
respectively as can be seen in Table 0 The maximum goodput can be achieved 
during the coexistence period and is improved only a little bit by reducing the 
collision time by 23%. When the time-share ratio is further decreased, further 
improvement of throughput and total goodput can be expected. 

Throughput is calculated as the number of bytes delivered to the receiver 
divided by a time interval of 0.25 seconds. And goodput is calculated as the 
number of bytes actually delivered to the upper layer by MAC divided by a 
time interval. The time interval for total goodput is the whole transmission 
interval, approximately 12 seconds, and maximum goodput is calculated over 
0.25 seconds. 
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Fig. 5. Throughput and Latency Comparison: EDCF vs. DOCW 



Table 3. Goodput Comparison: DOCW over EDCF vs. Pure EDCF 



MAC Scheme 


Total Goodput (Mbps) 


Max. Goodput (Mbps) 


DOCW over EDCF 


15.42 


15.96 


Pure EDCF 


15.18 


15.88 



6.3 QoS Comparison of EDCF and DOCW 

In this subsection, all of the traffics are launched at around 1.0 second with small 
individual offsets to have accurate CDFs of the latency. Except on/off times of 
traffic sources, all the other simulation parameters are identical to subsection 

6 . 2 . 

In Figure El latencies of two schemes are compared; The proposed scheme 
exhibits lower latency than EDCF. Since CWmin effects on latency as well as 
throughput, the proposed scheme surpasses conventional EDCF thanks to lower 
CWmin- C'IFmm=15 for the proposed scheme and CIFmm=63-31-15 for EDCF. 
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(b) {EDCF+DOCW/DF/2-3-4} @PER=0.2 
@aCWmin=15 
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Fig. 5. (Continued) 

TableOlshows that the goodput does not vary significantly because all QSTAs 
are in asymptotic condition. CDF of latency is given in Figure 0 and 99.9% 
latency in Table El For EDCF, the latency is distributed as the order of priority: 
voice, video, and FTP. The latency distribution is separated among TCs. The 
proposed scheme causes slightly more latency to voice and slightly less latency to 
FTP. Hence the latency has little gap among TCs and is within the QoS bound. 

7 Conclusion 

In this paper, we proposed a modified contention window scheme with the Dy- 
namic Offset Contention Window algorithm. For the proposed scheme there are 
basically two targets: Improving FTP throughput and providing QoS. We have 
performed simulations with the event-driven simulator NS-2 and the simulation 
results show that the proposed scheme achieves higher overall throughput than 
EDCF and simultaneously provides QoS. 

The degree of the overall throughput improvement depends on the time-share 
ratio between the coexistence period of multimedia traffics and the stand-alone 
period of delay-insensitive traffics. The overall throughput is improved by 9% 
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Fig. 6. Latency Comparison: EDCF vs. DOCW 



when the time-share ratio between FTP traffics and multimedia traffics is 2. 
This is achieved by improving FTP throughput during the stand-alone period 
of FTP. 

The average throughput of FTP traffics is improved by 10.0%. When a FTP 
traffic is active in the network, throughput is improved by 17%. When the time- 
share ratio increases, the overall throughput and the throughput of FTP improve 
further. 

By statistically distributing the probabilities that QSTAs gain access to 
medium, QoS can also be supported. The multimedia traffics (video and voice) 
achieve stable performance. The proposed scheme provides better latency distri- 
bution, even for FTP, than EDCF with the best CWmin allocation policy. 
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Abstract. Adaptive sectorization is one of the solutions for the capacity decre- 
ment resulted from the unbalanced traffic due to the users having nonuniform 
distribution among the sectors in cellular wireless communication system. It 
controls the sector size adaptively and balances the number of users on service 
among the sectors. It is not the capacity increment but the use of maximum ca- 
pacity of the cell. In this paper, we propose the adaptive sectorization algorithm 
that can control the sector size according to the user distribution and the struc- 
ture that is designed to apply simply to the existing base station or node B. 



1 Introduction 

Sectorization technique is used for the efficiency of frequency reuse in cellular com- 
munication systems. It increases the capacity of the cell by dividing one cell to some 
sectors. 

In general, base station or node B with fixed sectorization having some sectors is 
used commercially. Divided each sector has the shape of fan and the equal size and 
same coverage. Under the assumption that the users in a cell have a uniform distribu- 
tion, the fixed sectorization promotes the frequency reuse efficiency. However, non- 
uniform distribution of users that are frequent in practical cell spoils the function and 
efficiency of fixed sectorization. 

The ability to control the sector size has become the critical point for the solution 
of problem resulted from the nonuniform distribution of users[l]. Adaptive sectoriza- 
tion is one of the choices. It controls the sector size and coverage according to the 
user’s distribution and makes the base station serve all users under its maximum ca- 
pacity in spite of nonuniform distribution of users [2]. 

The sector size having the shape of fan in general is controlled through center de- 
gree and radius. It is related to the cell planning technique and it is in close connection 
with the antenna beam pattern. The antennas used for fixed sectorization have the 
sector-directional beam pattern that is suitable for fixed and specified sector shape. 
The beam pattern of one antenna is fixed, so there is no way to change the center 
degree of sector beam pattern. Therefore, in order to control the sector size, beam- 
forming technique through array antenna is introduced to adaptive sectorization. 

Beamforming is categorized to analog and digital beamforming. Analog beam- 
former utilizes usually phase shifters or Butler matrix[3] in order to form the physical 
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beam at RF (radio frequency). Digital beamformer forms the logical beam at base- 
band through adaptive signal processing technique in general. 

When we are considering that the digital beamformer requires so many changes in 
base station from front-end to baseband modem, analog beamforming that require the 
RF devices and controller is sufficient for function of the adaptive sectorization. 
However, it is necessary to minimize the effects of attenuation and distortion of RF 
signal from the RF device used for analog beamforming. 



2 Adaptive Sectorization 

Beamforming is considered as promising way to significantly increase the spectral 
efficiency in order to realize emerging broadband services and applications. It can 
reduce the effect of multiples access interference and inter-symbol interference and 
increase the capacity of wireless systems. So many beamforming techniques including 
switched beamforming and adaptive beamforming have been researched. Among 
them adaptive beamforming is considered as an optimum solution for the time- 
varying channel environment. Basically beamforming requires the deployment of 
antenna array at a base station. Also, RF paths from antennas to transceiver including 
modem must be added to system. These modifications from the increased RF paths 
such as power amplifier in downlink, low noise amplifier in uplink, and analog and/or 
digital up and down converter cause the increased cost and more complexity of the 
system[4]. 

Especially for the adaptive or switched beamforming that can separate the users 
and form the separate beam, the digital signal processor including the correlation 
function of spread CDMA signals is indispensable. It is necessary to redesign the 
modem. It means that appliance to practical system is very difficult and causes many 
problems. 

Adaptive sectorization, which doesn’t require any modifications of modem and any 
processors accomplishing the correlation process for user separation, may be good 
alternative. It is practical and economical solution demanding the minimum of modi- 
fication. Adaptive sectorization controls the sector size according to the user’s distri- 
bution and makes the base station or node B serve all users in a cell under its maxi- 
mum capacity in spite of nonuniform distribution of users. 

For example, if the capacity of one sector in fixed three-sector cell is K, the maxi- 
mum capacity of cell becomes 3K. Now, let’s consider the case of nonuniform distri- 
bution of users such that the number of users in one hot sector are 2K and the number 
of users in the other two sectors is K. In this case, the cell serves only 2K users al- 
though the maximum capacity of the cell is 3K. The other K users are out of service. 
The adaptive sectorization can make the crowded sector with 2K users serve only K 
users and the other two sectors serve 2K users, by the method of decreasing the size 
of the crowded cell and increasing the size of other two sectors. Although the distribu- 
tion of users in cell doesn’t change, the change of sector size makes this cell serve 3K 
users, that is, its maximum capacity. 
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3 Proposed Adaptive Sectorization Method 
for Use of Maximum Capacity 

Proposed adaptive sectorization method covers the entire cell by dividing the cell into 
three sectors in conventional fixed three sector base station as shown in Fig. 1 . In this 
case, the same coverage is to be guaranteed. 

Adaptive sectorization changes the sector size by determining the number of beams 
in one sector with the criterion of uniform distribution of users in the cell. For the 
purpose of this function, it is indispensable to switch the beams between two sectors. 
Some beams may belong to a sector or switch into [3 sector according to the circum- 
stances. 

In order to sectorize cell adaptively according to the distribution of users in cell, 
base station must know the distribution of users. In this paper, the received signal 
strength indicator (RSSI) is used as alternative for the user distribution. In general 
RSSI is measured from the received signal in automatic gain controller (AGC) of 
analog or digital down converter in base station. It is updated periodically. 

After sensing RSSI of each sector, adaptive sectorizer determines the number of 
beams in each sector according to the criterion. The process of assigning the beams to 
each sector is followed. The signals of each beam are combined in uplink and divided 
in downlink. If the assignment of beam into the sector is changed due to the change of 
users distribution, then the users served in changed beam handed over neighboring 
sector and the region of hand-over is changed. Downlink has the same configuration 
of the sectors as uplink. 

In general, the conventionally proposed base station with adaptive sectorization 
doesn’t utilize the digital beamforming but analog beamforming in RF. The analog 
beamforming in RF requires additional and complex structure having the isolator, 
switch, combiner and divider. Also, it suffers from the attenuation and distortion 
owing to the additional hardware. In this paper we propose the simple structure and 
algorithm for the base station with adaptive sectorization, which minimize the at- 
tenuation and distortion from the additional hardware. 



a Sector 




(a) Conventional Cell (b) Proposed cell configuration 



Fig. 1. Proposed cell configuration with fixed and variable sectors 
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Fig. 2. The hase station structure with proposed adaptive sectorization 



The proposed cell configuration is shown in Fig. 1 (b). It is constituted of three 
sectors, which have four beams respectively. Among them, sector assignment of two 
beams in center is fixed and that of two boundary beams of each side is variable. In 
the figure the shadowed two center beams in each sector are fixed and the boundary 
two beams in each sector are respectively assigned to one of its neighboring two sec- 
tors according to the sectorization algorithm. Therefore, the maximum number of 
beams in one sector is six, and minimum is two. 

The proposed structure of base station with adaptive sectorization is shown in 
Fig. 2. In the conventional base station, transceiver that is composed of Modem, ana- 
log and/or digital up/down converter is connected to power amplifier unit (PAU) that 
amplify the transmit signal in downlink and front-end unit (FEU) that are constituted 
of duplexer, coupler, and low noise amplifier (LNA) in uplink. Also each sector has 
two antennas for diversity. 

The modifications of construction are as follows: the array antenna with four ele- 
ments is used for each sector. Analog beamforming unit (ABU) and adaptive sectori- 
zation unit (ASU) are added and located between the transceiver and PAU. Also, the 
FEU and PAU are modified in order to support the extended 12 antennas. And all the 
data signal paths in the structure of Pig. 2 are RE analog signal. 

The details of hardware modifications compared with conventional base station are 
as follows: 

• Six antennas are replaced with three sets of array antenna with four elements. 

• PAU is changed into the structure that supports twelve paths, and each capacity 
of amplifier is decreased. 
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• FEU is changed into the structure that supports twelve paths. 

• 4x4 Butler matrix per each sector is used for ABU. 

• ASU is added for the function of beam switching. 

• Adaptive sectorizer is added for accomplishing algorithm of adaptive sectoriza- 
tion. 

• RSSI Transmission part is added from AGC of transceiver to ASU. 

ABU is used for forming the fixed beams in cell. For the four multibeam of one sec- 
tor, four by four Butler matrix per sector is used. Three for uplink and three for 
downlink Butler matrices are used. The input for ABU-RX is total twelve signal paths 
from FEU and the output is twelve beam-signals, which become the input for ASU- 
RX. The input for ABU-TX is twelve beam-signals from the output for ASU-TX and 
the output is twelve signal paths to the PAU. Like this, because the process of power 
amplification is accomplished after the analog beamforming in downlink, it is pre- 
vented to being occurred problem from the analog beamforming after process of the 
power amplification. 

ASU accomplishes the assignment of each beam into the sectors. The structure of 
ASU is shown in Fig. 2 and is composed of adaptive sectorizer, RX part (ASU-RX) 
and TX part (ASU-TX). Adaptive sectorizer determines the number of beam in each 
sector and switches the beams through the algorithm of adaptive sectorization. RSSIs, 
which are required for the algorithm, are measured in AGC of transceiver and become 
the input of the adaptive sectorizer. ASU-RX has a role of switching and combining 
the beams in each sector according to the control signal from the adaptive sectorizer. 
ASU-TX has a role of dividing and switching the beams to each sector according to 
the control signal from adaptive sectorizer. 

The adaptive sectorizer receives the RSSI and controls switches of the RX and TX 
part in order to assign the beams to each sector. As shown in Fig. 1 (b), shadowed two 
center beams are fixed and boundary two beams between two sectors are assigned 
specific sector. 

The structures of ASU-RX/TX are shown in Fig. 3. In the RX part of Fig. 3 (a), the 
fixed beams are directly routed to the each combiner and the flexible beams are 
routed to one of the combiners for neighboring sectors. The TX process in the ASU- 
TX of Fig. 3 (b) is the same except using divider instead of combiner. The signals 
routed by the switches and the signals routed directly must be controlled for the same 
phase delay and amplitude attenuation. 

For the adaptive sectorization, the three sets of duplex array antenna composed of 
four elements are used. The twelve signal paths are connected to FEU. Compared to 
the conventional system using six antennas and FEU modules in three sectors, it has 
the complexity of increased antenna elements, signal paths and FEU modules. For 
convenience, the three sets of array antennas can be deployed separately according to 
the environments of site. 

Also, the PAU used in downlink must be modified. For the supporting the twelve 
antenna elements, the more power amplifiers are used. However, considering the 
power gain of array antenna, the each capacity of power amplifier can be decreased. 
The decrement for capacity of power amplifier can result in the minimization of in- 
creased cost. 

The algorithm flowchart of the proposed structure for adaptive sectorization is 
shown in Fig. 4. 
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(a) ASU-RX 



(b) ASU-TX 



Fig. 3. The structures of ASU-RX/TX 



4 Simulations 

For the performance evaluation, the computer simulations of adaptive sectorization 
were performed. We set up the environments of nonuniform users’ distribution under 
the assumption of perfect power control. It is assumed that the maximum capacity of 
one sector is 20. The value of threshold 1 that determines the execution of adaptive 
sectorization was adjusted as 90% of maximum capacity of one sector, and the value 
of threshold 2 that determines the execution of switching the beams was as 25% of 
maximum capacity of sector initially. The RSSIs and the number of the beams in each 
sector updated this value on operation. Also, we assumed that the antenna elements 
are perfect sector directional. 

Fig. 5 shows the operation of proposed adaptive sectorization. The circles mean 
users’ positions and the number in each sector represents the RSSI when the RSSI of 
one user is assumed 1 under the perfect power control. This number may be recog- 
nized as the number of each sector for the convenience. It was assumed that the users 
were distributed nonuniformly among the sectors and they were uniformly distributed 
in each sector. 

As shown in Fig. 5 (a), equally sized three sectors have the boundary of 0, 120 and 
240 degree, where the switch status of ASU structure in Fig 3 is [1 2 1 2 1 2]. Owing 
to the excess of maximum sector capacity, that is 20, only 43 users of total 59 users 
are in service. 

Although the alpha sector can serve the 20 users, it serves only 3 users and the re- 
sidual resources are wasted. Thanks to the adaptive sectorization, the configuration 
for the cell is changed by control of the sector size just as users move to neighboring 
sectors. As shown in algorithm flowchart of Fig. 4, the beam switching is happened 
between the sectors with maximum RSSI and minimum RSSI. Fig. 5 (b) shows the 
one beam switching from gamma to alpha. After this switching, the alpha sector has 5 
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beams with size of 150 degree and gamma sector has 3 beams with size of 90 degree, 
where the switch status is [1 2 1 2 2 2]. Also RSSI of beta sector becomes the maxi- 
mum, beam switching between alpha and beta is happened in Fig. 5 (c). Like this, 
simple algorithm of adaptive sectorization can make use of maximum capacity of cell. 





h: 1 he sector «ith moiiimum RSh 
B: the sector «lih mtddle RSS' 

C: The sector with minitriym RSSI 
RSSU: RSSI ofsectorA 
RSSLDifiJB=RSSLA -RSSLB 
RSSLDiffJC=RSSIJ -RSSLC 
RSSLDiii-AB=RSSLA -RSSLC 





; .id ; 



Fig. 4. The proposed algorithm flowchart 
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(a) Initial: Cell Capa= 43 




(b) 1: Cell Capa= 51 




(c) 2: Cell Capa= 58 




Fig. 5. The operation of proposed adaptive sectorization 

Initial: Cell C^a= 40 1 : Cell Capa= 54 2: Cell Capa= 54 





Fig. 6. The operation of proposed adaptive sectorization according to the users’ mobility 

The performance of proposed adaptive sectorization is shown in Fig. 6 according 
to user distribution being changed owing to the users’ mobility. We assumed that all 
users in each sector move to arbitrary neighboring sectors with velocity uniformly 
distributed from 0 to 80Km/h. At first crowded gamma sector’s size is decreased up to 
minimum size, 60 degree. As the users move to neighboring sectors gradually, the 
decreased gamma sector is increased again. 
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Capacity gain 




Hot Sector To Non-hot Sectors User Density Ratio (HNUR) 



Fig. 7. Capacity gain according to HNUR 



Capacity gain 




Fig. 8. Capacity gain according the ratio of all users in a cell (regardless of in service or out of 
service) to capacity of a cell. 

The capacity gain from the adaptive sectorization varies according to the user dis- 
tribution. Generally, the more nonuniformly users distributed, the more capacity is 
gained. The Fig. 7 shows the capacity gain according to the hot sector to non-hot 
sector user density ratio (HNUR) [4]. Also, the legend is about the value of thresh- 
old 1. 

The Fig. 8 shows the capacity gain according to the ratio of all users in a cell (re- 
gardless of in service or out of service) to capacity of a cell. This ratio means the load 
of a cell. When this ratio is less than one (that is underloaded), the nonuniform distri- 
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bution has small influence on the sector capacity and the gain is small. Also, when 
this ratio is more than one (that is overloaded), the capacity of each sector gets to 
exceed the maximum capacity of sector and the there is nothing to do with adaptive 
sectorization. However, the proposed adaptive sectorization causes large gain if the 
HNUR is large, although in overloaded case. 



5 Conclusions 

In this paper, we propose the adaptive sectorization algorithm that can control the 
sector size according to the user distribution and the structure that is designed to apply 
simply to the existing base station or node B. The proposed structure and algorithm 
can be simply applied to conventional system regardless of specification. 

Simulation results show the proper operation of proposed adaptive sectorization and 
capacity gain. 
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Abstract. The third-generation mobile communication system is being 
developed to support to a wide range of services with different bit rates 
such as data, video as well as voice. We propose an access control scheme 
based on preemption policy to provide efficiently high priority video ser- 
vices and low priority data services. We analyze the proposed scheme 
using Markov model and present the performance evaluation of video 
service and data service in view of video packet dropping probability 
and data message delay. 



1 Introduction 

Traditional second generation cellular code division multiple access (CDMA) 
networks mainly support voice services and low-bit-rate data serves, in which 
the data is transmitted on the dedicated channel with a fixed rate. However, 
many researches have shown that it is insufficient to apply the current cellular 
CDMA architecture (e.g., fixed rate, high processing gain) directly to multimedia 
services. The bursty nature of multimedia transmissions, such as video and web 
surfing, requires stronger statistical multiplexing and flexible resource manage- 
ment. In order to offer multimedia services with different bit-rate and quality- 
of-service, the schemes sharing radio network resources among many users in a 
flexible and efficient way have been studied in third generation communication 
systems 13-0. 

The integration of voice and data service in the same wireless packet network 
has been studied in P-0 In and |E], voice communications and data commu- 
nications are provided over common radio channel. They both use preemption 
policy for data transmissions and therefore present that the packet dropping 
probability for voice communications is independent of data transmissions. In 
0, the output and delay process of integrated voice/data slotted CDMA network 
systems with random access protocol for packet radio communications are ana- 
lyzed. In this system, the allocation of codes to voice communication has higher 
priorities over that to data communications. Using a discrete-time Markov pro- 
cess, they derived the throughput, the average delay of data packet, and the 
blocking probability of voice calls. In 0, the benefits of using access control for 
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data in an integrated voice/data CDMA system are evaluated. They achieved an 
improved capacity for data at the expense of introducing delay for data packets 
by scheduling the transmission of data packets in periods of low voice activity. 
In 0-0, the multiple access techniques for accommodating the multimedia ser- 
vices in wireless CDMA communication networks are studied. In 0, a medium 
access control (MAC) protocol for a cellular packet CDMA carrying multirate 
traffic is proposed. They adopted a packet-oriented MAC protocol with prior- 
itized queuing and assumed that the unit of transmitting packet is ATM cell. 
An analytical model was developed for solving the equilibrium state associated 
with the protocol. Numerical evaluation in terms of throughput efficiency and 
delay has been presented for two-type traffic, high rate traffic and low rate traf- 
fic. In jS], the problem of call admission control (CAC) in a multimedia CDMA 
system is investigated. They asserted that CAC functions should be included 
in the system since even a small number of high-bit-rate users can degrade the 
low-bit-rate users’ performance and considerably increase their outage probabil- 
ity. In |Z], a medium access protocol is proposed to provide constant bit-rate 
(voice), variable bit-rate (video), and low priority data services. Their protocols 
are based on the reservation multiple access scheme and integrate voice, video, 
and data traffic in the same packet radio network, using a constant or variable 
bit-rate transmission. 

In this paper, we propose an access control scheme based on preemption 
policy in integrated video/data CDMA systems. Both video communications 
and data communications are provided over the common radio channel to use 
efficiently radio resource. We analyze the proposed scheme and compare the 
performance of the proposed scheme with that of simple channel assignment 
(SCA) scheme without preemption policy in view of video packet loss probability 
and data message delay. 

The remainder of this paper is organized as follows. In Section II, we describe 
the system model and traffic models. In Section III, we explain the SCA scheme 
without preemption policy and analyze the system performance by using Markov 
process in view of video packet dropping probability and data message delay. In 
Section IV, we propose a channel assignment scheme with preemption (CAP) 
for data transmissions and describe the proposed scheme in detail. Also, the 
performance of the proposed scheme is evaluated. In Section V, numerical results 
are provided and concluding remarks are presented in Section VI. 

2 System Model 

Both Nyd video terminals (VDT’s) and Nd data terminals (DT’s) are assumed 
to access the uplink channel of a microcelluar network. Video traffic and data 
traffic are considered as real-time traffic and non real-time (best-effort) traffic, 
respectively. The performance evaluation of uplink channel is considered. All 
VDTs and DTs are linked to the same base station (BS). The BS coordinates 
the access of each terminal for the shared channels according to a suitable channel 
assignment procedure. We assume that users whose data rate is R kbps are 
supported in the system. 
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Fig. 1. Video source model (a) General video source model (b) Minisource model 
(M = 2) 

2.1 Video Terminal 

Video traffic source has been modeled as a discrete-state continuous time Markov 
process as shown in Fig.^a) jS|, |Z1- In 0, the bit rate of video traffic is quantized 
into finite discrete levels {0, A, - ■ ■ , MA) and transitions between levels occur 
with exponential transition rates that may depend on the current level. The 
state transition rates of the model, a and /3 are obtained by 



where N is the number of aggregated video sources and M is the number of 
quantization levels. For simplicity of analysis, we assume the minisource model 
with M = 2 and V = 1 as shown in Fig. [Hb). VDTs are assumed to transmit 
packets with a rate R kbps when it is in state A, and with a rate 2R kbps when 
it is in state 2 A. In state 0 (null state), no packets are transmitted. 

2.2 Data Terminal 

A DT sends to the BS an access request for arrived message. The BS assigns 
dynamically a channel to the DT according to the channel status. The generation 
of data traffic at each DT is assumed to be an independent Poisson process 
with a message arrival rate of {Xd/Nd) msg/s, where Xd is a composite (i.e., 
new -|- retransmission) message arrival rate and Nd < Nc is assumed. The data 
messages have an exponentially distributed length with mean value fn. Moreover, 
we assume that both DT’s access request and BS’ reply are transmitted without 
contention and the propagation delay is negligible. Therefore, the DT receives 
a channel information for a message transmission or NAK just after sending 
an access request. All common packet channels are assumed to have the same 
transmission rate R kbps. 




( 1 ) 

( 2 ) 



a = 3.9-P 
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3 Simple Channel Assignment Scheme 

3.1 Channel Access Control 

The BS coordinates the access of each terminal for the shared channel. It doesn’t 
consider user terminal’s traffic types. The BS keeps a channel status table to 
store the current status of each channel (i.e., idle or allocated). A VDT sends 
an access request to the BS as soon as the first packet is generated. Here, a 
state transition from null state to state A occurs. And then it waits for reply of 
the BS. The BS tries to assign it an idle channel in the channel status table. If 
there is at least one idle channel, VDT’s packet is transmitted. Otherwise, the 
packet is dropped. When the VDT transits from state A to state 2A, it sends 
access request to the BS in order to acquire another channel. Two channels are 
demanded if the VDT has not an assigned channel in state A. That is, the VDT 
whose packet is dropped in state A requests two channels to the BS in state 
2A. The same channel assignment scheme is adopted to DTs. If all the channels 
are not in use, DT’s access request is successful and a channel from the BS is 
assigned. If DT’s request fails, the DT retries after random back off time. 

3.2 Performance Analysis 

From the system description, we model the system with SCA scheme as the 
Markov process. The state of the entire system, consisting of Nyd VDTs and Nd 
DTs, can be characterized by a combination of the number of user terminals and 
the traffic type. Therefore, the system state is denoted by 



where 1C = { {i,j, k, m, n) \ i, j, k,m >0, i+j+2k < Nc }. The values {i,j, k, m, n) 
is the number of user terminals that are in the data transmission mode, video 
packet transmission mode in state A, video packet transmission mode in state 
2A, video packet dropping mode in state A, and video packet dropping mode in 
state 2A, respectively. 

Now, let us consider the transition of the system state in equilibrium. The 
transition from a system state s = (i,j,k,m,n) to s' = (u,v,w,x,y) occurs 
when the system state s' is feasible. All possible system state transition from s 
to s' is shown in Fig. El From Fig. E) state transition rates are obtained by 



s = {i,j,k,m,n), {i, j, k,m,n) G 1C 



( 3 ) 



l^d{z) = z/m 



( 4 ) 

( 5 ) 

( 6 ) 

( 7 ) 

(8) 



Kdi{z) = {Nc - z) -2a 



Kd 2 {z) = z-a 
tJ-vdi{z) = z- (3 
fJ-vd2{z) = z-2f3^ 



Let 7t(i, j, k, m, n) denote the system stationary probability of a system state 
(i, j, k, m, n) . Then we can derive n{i,j, k, m, n) by using two following conditions 
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Fig. 2. State transition diagram of SC A scheme 



for feasible {i,j,k,m,n): 1) The total incoming rate of a state is equal to the 
total outgoing rate of the state (balance equation). 2) The sum of the steady 
state probabilities is 1. 

A failure to assign channels to DTs happens when all the channels are in use. 
Therefore, code allocation failure probability of a DT in a SCA scheme is given 
by 



failed — / ^ 






i+j+2k=Nc 



(9) 



A VDT may drop a packet when a VDT enters into state A or state 2A. 
Dropping probability in state A, Pdrop,vdi, and that in state 2 A, Pdrop,vd 2 , are 
calculated by 



Pdrop^vdl — ^ ^ j : kj Tn^ Tl') 

y {i ,j ,k ,m ,n) ^K. 

Pdrop^vd2 — ^ ^ 

y {i ,j ,k ,m ,n) ^K. 



m>0 



n>0 



( 10 ) 

( 11 ) 



4 Channel Assignment Scheme with Preemption 

4.1 Channel Access Control 

We propose a channel assignment scheme with preemption policy for data trans- 
mission to reduce the failure rate in channel assignment to a VDT. When a VDT 
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in null state enters into state A, it achieves a channel from the BS if there is at 
least one idle channel or even if all the channels are in use, at least one of them 
has been devoted to a data message transmission. In the latter case, the BS 
preempts DT’s message transmission and assigns the channel of the preempted 
DT to the VDT. We assume that this preemption procedure occurs only one at 
a time. Therefore, the preemption procedure occurs in the following cases. 

(i) If all the channels are in use, a DT is preempted in the following cases; 1) 
when a VDT in null state generates a packet, 2) when, in state 2A, a VDT 
in the dropping mode enters into state A, 3) when, in state A, a VDT in the 
transmission mode transits to state 2A. 

(ii) If only one channel is idle, in state A, a VDT in the dropping mode enters 
into state 2A. 



4.2 Performance Analysis 

We model the system with preemption policy for data transmissions by using the 
same Markov process as that of the SCA scheme. The system state is denoted 
by ( 0 ). However, four preemption cases as shown in Fig. 0 should be consid- 
ered. Let P{s'\s) denote the state transition rate Pr{s = {i,j,k,m,n) — >■ s' = 
{u,v,w,x,y)}. Then, the general transition rates are the same as that of the 
SCA scheme and the transition rates of four preemption cases are given by 



P(s'|s = {i,j,k,m,n)) 

{ A«di(j + k + m + n), A s' = {i—l,j + l,k,m,n), i>0, i+ j + 2k = Nc 
k'vd 2 {n) , if s' = fc,m,n - 1), i>0, id- j-|-2fc = Ac , 

^vd 2 {j) ,ii s' = {i—l,j — l,k+l,m,n), i>Q, i+ j+2k = Nc 
Kd 2 (m) , if s' = — k+l,m — l,n), i>0, i+ j+2k = Ac — 1. 



Let 7r(i, j, k, m, n) denote the system stationary probability of a system state 
{i, j, k,m,n). Then we can derive 7r(i,j, fc, m, n) for feasible {i,j,k,m,n) by using 
the same method as that of the SCA scheme. 

The dropping probabilities of video packets in state A and 2A are the same 
as the equations (DU) and CH), respectively. However, a failure to assign channels 
to DTs happens when the BS preempts the data transmission to assign its code 
to other VDT as well as when all the codes are in use. In Fig. 0 the preemption 
probability Ppre.d that the BS preempts data transmissions is obtained by 



Ppre,d — ^ ^ 

y {i ,j ,k ,m,n)^}C 

, Kd2{m) 



Xydi(i + k + m + n) Hvd 2 {n) Xvd 2 (j) 



Xd 



Xd 



Xd 



Xd 



i-\-j-\-2k—Nc, i>0 

Tr{i,j,k,m,n) 



i-\-j-\-2k—Nc—l, i>0 



(13) 



The probability that a DT fails in a message transmission is the sum of 
the probability that all the codes are in use and the probability that the data 
transmission is preempted. The failure probability is given by 
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Fig. 3. State transition diagram due to preemption policy in CAP scheme 



Pfaii,d= ^ Tr{i,j,k,m,n) 



i-\-j-\-2k—Nc 



pre,d 



(14) 



where Ppre,d is given by (II dll . 



5 Numerical Results 

In the video traffic mode as shown in Fig. mb), the probability that a VDT is 
in state A or 2A is as follows: 



PA = 2a^/{a + (3Y ( 15 ) 

P2A = ay{a + f3)\ (16) 



Therefore, when the number of active VDTs is Ny^, total offered load Gyd of 
video packets is given by 



G 



vd — 



Pa ^ 

_a + /3 2(3 

Aa(3^ + a^(a + (3) 

2(3{a + (3Y 



■ P2A 

■ Nvd- 



■ Nyd 



Then, we define a system offered load Gt as follows: 



(17) 



Gt = {Gyd + Gd)/Ny 



(18) 



where Gd is the total data offered load and is calculated as Gd = X-fn. The mean 
data message delay D, defined as the number of access tries needed to transmit 
a data message successfully, is given by 
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Fig. 4. Video packet dropping probability vs. system offered load when 7 „d = 0.3 

OO - 

{PfaU,dT-\l - PfaU,d) = • (19) 

1 ~ Pfail,d 

We assume that Nc = 32 users whose data rate is i? = 60 kbps are supported 
in the system. The mean data message length is assumed to be 0.064 second 
under 60 kbps channel considering that the length of a request packet in WWW 
service is about 480 bytes m- 

First, when the ratio of the video traffic to the total traffic is 0.3 (i.e., 
Ivd = Gvd/{Gvd+Gd)), the system performances between SCA and CAP scheme 
are compared in Fig. 0 and Fig. 0in view of video packet dropping probability 
and mean data message delay. Fig.^lshows the video packet dropping probability 
and Fig. I^shows the mean data message delay as a function of the system offered 
load, respectively. As shown in Fig. ^ the video packet dropping probability 
exponentially increases as the system offered load increases. VDTs in state 2A 
drop more packets than VDTs in state A since a VDT in state 2A needs two 
channels to transmit a message. In the SCA scheme, the BS doesn’t consider 
user’s traffic type and assigns the channels to users according to the channel 
status. In the CAP scheme, however, a failure in channel assignment to a VDT 
occurs only in case that all channels are used by VDTs. That is, the video packet 
dropping probability is not related with the data offered load but related with 
only the video packet offered load. Therefore, video packets are less frequently 
dropped and the data message delay is longer in the CAP scheme than in the 
SCA scheme. When the QoS requirement of VDTs is that the packet dropping 
probability is lower than 0.01 (i.e., Pdrop < 0.01), the system offered load that 
can be handled with satisfying the QoS requirement of a video service is about 
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Fig. 5. Mean data message delay vs. system offered load when 7„d = 0.3 



0.6 in the CAP scheme and about 0.34 in the SCA scheme. That is, the system 
capacity of the proposed CAP scheme increases by 1.7 times compared with 
the SCA scheme in view of the video communication when 7 ,,^ = 0.3. However, 
as shown in Fig. E] the data message delay of the CAP scheme is longer than 
that of the SCA scheme. This is a disadvantage of the CAP scheme. However, 
considering that the data traffic is delay tolerant and the system is operated 
under Gt = 0.6 due to the QoS requirement of video communication, the negative 
factor is reduced. 

When the number of active VDTs is 15 and 17, the system performance is 
evaluated in Fig. Eland Fig.0 Fig. El shows the video packet dropping probability 
and Fig. 0 shows the mean data message delay as a function of the data offered 
load, respectively. If the number of active VDTs is less than or equal to Nc, 
the dropping of video packets doesn’t occur in the CAP scheme since the BS 
uses the preemption policy for data transmissions. Therefore, when Nyd = 15, 
the video packet dropping probability is zero in the CAP scheme. Moreover, the 
video packet dropping probability in the CAP scheme is constant value since 
the dropping probability is not related with the data offered load. However, in 
the SCA scheme, the video packet dropping probability increases as the data 
offered load increases since the BS doesn’t consider user’s traffic type. As shown 
in Fig. [3 the data message delay of the CAP scheme is longer than that of 
SCA scheme as the data offered load increases. However, considering that the 
system with CAP scheme satisfies the QoS requirement of VDTs and can support 
the data service, we can say that the proposed CAP scheme is suitable as an 
access control scheme for integration of video/data transmissions over the shared 
channel. 
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Fig. 6. Video packet dropping probability vs. data ofTered load 




Fig. 7. Mean data message delay vs. data offered load 



6 Conclusions 

In this paper, an access control scheme based on preemption has been proposed 
for CDMA systems carrying the real-time video traffic and non real-time data 
traffic. A 5-state Markov process was used to model the system operation. The 
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video packet dropping probability and mean data message delay were derived to 
evaluate the performances of the proposed scheme and simple channel assign- 
ment scheme without preemption policy, respectively. The results show that in 
the simple channel assignment scheme, the video packet dropping probability is 
dependent on the data offered load as well as the number of VDTs. However, 
in the proposed scheme, the video packet dropping probability is independent 
on the data offered load and is only dependent on the number of VDTs. Due 
to preemption policy for data transmissions, the mean data message delay in- 
creases more faster in the proposed scheme than in the simple channel assignment 
scheme. This increment of the data message delay, however, may be tolerable 
considering that the data traffic is delay tolerant. 
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Abstract. A novel division technique. Code and Time Hybrid Division for 
downlink transmission has been brought up in this article. Together with appro- 
priate power allocation and code partitioning, larger capacity under certain fair- 
ness criterion is obtained in CTHD than that in orthogonal division. 



1 Introduction 

In current downlink channels of wireless communication, orthogonal division tech- 
nique including time division and frequency division is widely used so that interfer- 
ence among users may be avoided. Actually according to broadcast channel theory, 
when reception conditions of users are quite different such as in downlink channels, 
maximum capacity region is obtained not in orthogonal division but in Code Division 
with Degraded Decoding (CD) [2]. 

But CD is not easy to implement in channels containing too many channels such as 
downlink channel of wireless communication. In consideration of system perform- 
ance and practicability, a novel division technique. Code and Time Hybrid Division 
(CTHD) is brought up in this article, together with associate power allocation policy 
and code partition technique. Appropriate power allocation and code partitioning are 
also brought up. Both of them should be adaptive according to the difference of recep- 
tion conditions among users in order to guarantee fairness. 

Similar work has been done in 2-level Digital Video Broadcasting; however, its re- 
search results cannot be applied in wireless communication since the two systems are 
quite different. The key point to improve the performance is to optimize the source 
coding and decoding in DVB, while it is more feasible to optimize channel coding, 
modulation and transmission since users’ information is independent in wireless 
communication. What is more, no feedback can be obtained in DVB while in wireless 
communication it is available and would be greatly helpful. 

In this article Shannon capacities of multi-user downlink channels of cellular envi- 
ronments obtained in CTHD is analyzed and are compared with capacities in or- 
thogonal division. Both two-user downlink channels and channels containing more 
users in an isolate cell are analyzed and simulated. Simulation results show that not 
only throughput of system has been increased compared with that in orthogonal divi- 
sion, but also each user obtains more capacity under appropriate resource allocation 
policies, which demonstrates fairness. 
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The structure of this article is as follows. Capacity region of fading broadcast 
channel is yielded in Section 2. In the third section, a novel multiplex technique, to- 
gether with its associate power allocation policy and code partition technique, is de- 
scribed. Then in section 4 models for simulation are introduction and numeric results 
in two-user channels, in cellular environment without power allocation and in cellular 
environment with power allocation are shown. We conclude this article in section 6. 



2 Code and Time Hybrid Division 

2.1 Policy Description 

Although CD can gain maximum capacity region, multi-user channels in CD would 
be quite difficult to implement. To achieve more capacity gain practically. Code and 
Time Hybrid Division (CTHD) is brought up, where only two-user CD channels 
should be designed. There are two types of users in the channel according to reception 
condition (i.e. SNR). One type contains users with better reception condition who are 
called good users), and the other contains users with worse SNR, who are called bad 
users. They are divided into groups and in each group there are one of good users 
together with k bad users. In Time-division we assume equal time slot is allocated to 
each user. If each slot is t, there is totally (k-i-l)*T in the group. Now we allocate this 

k + l 

(k-Hl)*T to k bad users, so each user obtains *x and the channel reduces to k 

k 

orthogonal time-varying sub-channels. Then the information of the good user in the 
group is divided into k parts and each part is transmitted in one of the k orthogonal 
channels together with information of the bad users, so that these sub-channels be- 
come 2-user channels and the two users share one sub-channel in CD. Such spectrum 
sharing policy is defined as Code and Time Hybrid Division as shown in fig 1 . 
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Fig. 1. Code and Time Hybrid Division 



2.2 Resource Allocation Policies 

When channel conditions and spectrum sharing policy are given, it is the resource 
allocation that decides which rate vector on the upper bound of the capacity would be 
chosen and thus determines each user’s rate in the channel. What is more, choosing 
this rate point with fairness is significant in wireless communication. So resource 
allocation schemes should be carefully considered in order to guarantee fairness of the 
whole system. 
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Definition 1: A resource allocation scheme m satisfies Maximum Relative Gain Pol- 
icy (MRGP), if the whole system capacity in CD obtains the maximum relative gain 
defined as 



where is the capacity of the system under scheme m in CD, and repre- 
sents the capacity of the system under the same scheme m in TD. Here m indicates 
the proportion of resource each user gets from the system. In TD system, the resource 
is time and in CD, it is power. 

Definition 2: A resource allocation policy is called Direct Ratio Policy (DRP), if the 
data rates of each user in CD are in direct ratio of the maximum capacity of each one 
of them, which can only be obtained when all of the resource is allocated to one of 
them, i.e. 



Where R is the rate obtained in Code-division and C^ is the maximum capacity of 
user j when there are no other users in the channel. 

2.3 Code Partition 

Code division can be practically implemented by multilevel coding in the channel 
where the difference among users’ reception conditions is fairly great. Users with 
more favorable channel can distinguish fine resolution of the received constellation, 
while users with worse reception conditions can only distinguish the constellation’s 
coarse resolution. 

For example [1], Fig 2 is a two-level constellation where both users transmit two 
bits per symbol time. User with worse SNR, User 1, provides 2 bits to select one of 
the four clusters in the constellation and the other user whose SNR is better provides 
another two bits to select one of the 4 points in the cluster. After transmission through 
the channel. User 2 can distinguish both the cluster and the point while User 1 can 
only distinguish the cluster due to their different reception conditions. Thus the 4-PSK 
superpoint of User 1 is subtracted out in User 2’ s demodulation. However, informa- 
tion of User 2 becomes noise of User 1. Thus both users distinguish their information 
correspondingly. 




( 1 ) 






Kn _ C,(5) 



( 2 ) 
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Fig. 2. Constellation of a Two-level Code 
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3 Numeric Results 

3.1 System Model 

In our simulation, the reception condition is determined by path loss attenuation. The 
typical path loss exponent is 4. So, SNR2{db) — SNRl{db) = — 40*log(r2/ rl) 
Where r is the distance from the base station to receiver i. (/ = 1,2) Capacity of 
Rayleigh fading channels is analyzed in this article. 

Users are located in a cell randomly and uniformly distributed, and those on the 
same base- station-centered circle have the same reception condition. We apply the 
CTHD among users on two of these concentric circles. Now let k=(r/r 2 ) so that every 
users on the circle with the smaller r (named circle 2) can find k users on the other 
circle (named circle 1), since the area ratio of the two users is r/r^ and ratio of user 
number is also r/r^. These (k-i-1) users constitute one group. Within one group CD and 
TD hybrid policy is applied and among groups TD works as described in section 2. 1 . 



power fraction of total power of user! 





Fig. 3. Simulation Results in A Two-user Channel 



3.2 Simulation Results in Two-User Channels 

Assume there is only one user on either circle and the downlink channel reduces to a 
two-user one. One has the receiving SNR 20db while the other has worse reception 
condition and its SNR varies from Odb to 19db, as the x-axis of Fig 2 shows. Fig 2 (a) 
represents the power allocated to user 1 according to DRP and MRGP separately and 
Fig 2 (b) shows the relative capacity gain compared with system capacity in time- 
division. 

Each resource allocation policy separately determines a vector indicating rates of 
the two users can be achieved. Simulation results show that according to Maximum 
Relative Gain Policy, little gain or even no gain is obtained, while DRP can obtain 
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much lager capacity. And under both policies most power has been allocated to user 1 
with worse reception condition. 



3.3 Numeric Results without Resource Allocation Policy 
in Cellular Environments 

In section 3.3 and 3.4 we will come back to the model described in section 3.1. 

We carefully allocate resource of such a system, but without special resource allo- 
cation policies, so that users on circle 2 obtain the same channel capacity as that in 
time-division. As the result, users on circle 1 achieve remarkable capacity gain, as 
shown in Fig 4. 

In the simulation, users on circle 2 (who are good users) have the same SNR 20 db, 
and due to distance between these users variation as the x-axis in fig. 4 the SNR of 
users on circle 1 (who are bad users) varies. Relative gains are obtained, which is 
represented by y-axis in the Fig. 4. 

Similarly, capacity of users on circle 2 will be greatly increased in our spectrum 
sharing policy, if the capacity of the other users is kept the same as that in time- 
division. Simulation results are shown in Fig. 5 

gain v.s snr^iff change without change of worse users 

- - newgaiPg 

newgain^j 

TotalGain 

0 . 5 ^ ^ 

0 

.05I ^ ^ ^ 1 

10"' 10"" 10"= 10"‘ 10"' 

distance between two users 

Fig. 4. Relative Capacity Gain of bad users while capacity of good users is kept constant 




gain v.s snr^iff change without change of good users 




Fig. 5. Relative Capacity Gain of good users while capacity of bad users is kept constant 

From Fig 4 and Fig 5 we can conclude that under certain policies, the system may 
obtain larger capacity than that in time-division and at the same time no users’ capac- 
ity is reduced, since at least, if part of the users’ performance is kept the same as that 
in time-division, others will gain a lot. 
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3.4 Numeric Results in Cellular Environment under DRP and MRGP 

Direct Ration Policy and Maximum Relative Gain Policy are applied separately as the 
resource allocation policy of the system described in the previous section, instead of 
the policies that keep part of the users’ capacity unchangeable. 

SNR of users on circle 1 varies from Odb to 7db, and SNR of the other users vary 
from 8db and 28db, which are represented separately as x-axis and y-axis in Fig 6, Fig 
7 and Fig 8. Relative gains under different resource allocation policies are yielded for 
each SNR vector as shown in the three figures below. The filled surfaces are obtained 
under Maximum Relative Gain Policy and the others are obtained under Direct Ration 
Policy. 

According to our simulation results remarkable capacity gain of both users and the 
whole system as well is achieved. Appropriate resource allocation policy may be 
chosen according to different reception conditions of users and also according to need 
of the communication system. 

Obviously, the whole system gain more capacity compared with that in Section 4.2 
where no resource allocation policy is applied. What is more, all users obtain more 
capacity than that in time-division that illustrates this scheme is fairer to users than 
that without resource allocation management. 








Fig. 6. Relative capacity gain of users on circle 1 




Fig. 7. Relative capacity gain of users on circle 2 



200 



Liu Liu, Shidong Zhou, and Jing Wang 




Fig. 8. Relative capacity gain of the whole system 



4 Conclusion 

Capacity of both two-user channels and channels containing more users are discussed 
in this article. Code and Time Hybrid Division (CTHD) is brought up, which main- 
tains larger channel capacity than that in orthogonal division and is easy to imple- 
ment. 

Simulation results show that larger capacity is gained under certain fairness crite- 
rion in CTHD. Generally speaking, better performance is achieved when reception 
conditions (i.e. SNR) are better; however if SNR difference between users sharing 
one time plot is little, both of them achieve little capacity gain and extremely if the 
difference is zero, no capacity gain is achieved compared with that in TD. 

Several resource allocation policies are proposed and analyzed, including the con- 
dition that part of the users’ capacity is kept the same as that in TD, conditions under 
the MRGP and DRP. Different power allocation policy achieves quite different per- 
formance in the same system that adopts CTHD. MRGP gains significantly large 
system capacity and those users under better reception conditions achieve notably 
capacity gain, however it is somewhat unfair to other users because their capacity 
increase is much less. While under DRP all users achieve nearly the same capacity 
increase compared with that in orthogonal division, but system capacity is not so large 
as that under MRGP. 

What is more, compared with schemes without resource allocation, schemes with 
resource allocation not only show more fairness among users but also provide larger 
system capacity. 
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Abstract. The hidden terminal problem P] is incurred from the fact 
that a mobile station can not possibly detect the sensing carrier in 
CSMA system due to the geographical distribution of a mobile sta- 
tion. This phenomenon makes CSMA communication protocol can not 
widely used in the wireless communication system. To resolve this prob- 
lem, channel status is always broadcasted by the base station to the mo- 
bile stations, which are covered within the coverage of the base station, 
based on the fact that the base station is always built at the top of envi- 
ronment. To achieve the efficiency of frequency bands, the broadcasted 
information field on the forward channel is implemented on the modu- 
lation codes respectively, to indicate the channel status. In this 

paper, in addition to derive the system performances without capture 
effect, we also discuss the optimal selection of some criteria parameters 
to obtain the maximum system performance. 

Index Terms: CSMA, hidden terminals, pseudo-random code, system 
performance. 



1 Introduction 

When a radio signal travels from a transmitting antenna to a receiving one, path 
loss occurs due to the propagation medium with respective to the fading of trans- 
mitted signal, the intensity or relative phase, or both of a received signal vary 
with time due to the changes in the propagation path with time. In addition, an 
obstruction, such as ridges, cliffs, buildings and trees, generally may lie between 
the transmitting antenna and receiving antenna. Therefore, the signal strength 
of a radio signal is attenuated by obstructions or/and diversion of radiation in 
the propagation path 

Owing to the geographical distribution of a mobile station, an active station, 
which has some packets to be sent, can not detect the sensing carrier before it 
attempts to transmit its packet for CSMA protocol 013 - 113 . This phenomenon 
is called as the issue of hidden terminals. It increases the probability of colliding 
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packet. To resolve this problem, the sensing carrier can be broadcasted from the 
base station and all active stations monitor the status of carrier sensing before 
they transmit their packets. The fact that the base station is always built at the 
top of environments that can be covered by the base station accounts for why 
the probability of carrier sensing being blocked by the geographical environment 
nearly equals zero. 

Zdunek has proposed non-persistent inhibit sense multiple access (ISMA) 
with capture m and applied the packet radio communication. Although the 
capture is significantly enhanced, ISMA has some disadvantages. First, the es- 
tablished channel model is not realistic from the observed results in m and El- 
Second, only one bit is inserted in each information field. This scheme incurs the 
problem of timing synchronization. Otherwise, the inhibit bit is easily lost. The 
scheme makes the design of system’s implementation to be more complex in 
mobile communication system. To overcome these problems, modified CSMA 
(MCSMA) protocol has been proposed 0 to avoid the collision probability 
among transmitted packets. In MCSMA protocol, the download information is 
implemented on two modulated codes. All mobile stations can simultaneously 
justify the status of forward channel from these two modulated codes. 

The rest of this paper is organized follows. In Section 2, we develop the op- 
eration of MCSMA protocol. Section 3, we derive the system performance of 
MCSMA protocol without capture effect ESI -ESI- We also discuss the opti- 
mal selection of some important parameters to obtain maximum system perfor- 
mance. Section 4 presents the numerical results and, finally, concluding remarks 
are made in Section 5. 

2 The Operation of MCSMA Communication Protocol 

In wireless communication system, the system performance is limited in CSMA 
communication protocol due to the hidden terminal problem Q. Similar to the 
algorithm of CSMA protocol, mobile station has to listen the stations of channel 
before they transmitted their packets too. If no transmitted packets are detected, 
it presents that any mobile station can transmit its packet after detect the chan- 
nel is free. The occurrence of hidden terminal is resulted from the randomly 
geographical distribution among these mobile stations. To resolve the problem, 
the channel status can be broadcasted from the base station. This reason is based 
on that the base station is always built at the top of environments that can be 
covered by the base station. But, in order to avoid the waste of channel utiliza- 
tion for the packet transmission, we develop the following operation algorithm 
of our proposed MCSMA communication protocol. 

Step 1 — The base station simultaneously receives the transmitted packets that 
are transmitted from these active mobile stations on the reverse channel (the 
direction from the mobile station to the base station). 

Step 2 — Based on the efficiency of frequency bands, the broadcasted informa- 
tion field on the forward channel (the direction from the base station to mobile 
station) is implemented on the modulation codes, respectively, to indicate the 
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channel status. If code 0 is used, it represents that the channel is in the idle 
state. Otherwise, the channel is busy when code 1 is used. To avoid the inter- 
interference between two adjacent channels mM, the length of modulation 
code (both code 0 and code 1) is constrained. Introducing the concept of pseudo- 
random code, the length of modulation code is assumed to be equal 7. 

Step 3 — when the active mobile stations detect the idle state of channel or code 
0, these active mobile stations transmit their packets after a random waiting 
time. 

Step 4 — If the busy channel or code 1 is detected by these active mobile station, 
then all active mobile station except the one station which is communicating with 
the base station are inhibited to transmit their packets. 

Step 5 — When one mobile station, which holds the right of channel transmission 
to transmit its packet, ends its transmission, the base station reset the channel 
state to be idle after some processing time and broadcasts the related message 
bearing on code 0 to these mobile stations. 

The operation procedure is operated from Step 1 to Step 5. 



3 System Performance 

Due to the transmission propagation time and processing time of the base sta- 
tion, the difference between the instance that the base station detects a data 
packet and the instance that the mobile station senses the forward channel to 
be busy is assumed to be ti. The time difference that the busy status of for- 
ward channel is removed after completely receiving the transmitted packets by 
the base station is assumed to be ^ 2 , which ti and ^2 are normalized to a unit 
packet length. Figure 0 depicts the timing relationships of MCSMA protocol’s 
operation. 

For our analysis, it is assumed that the MCSMA protocol is a slotted pro- 
tocol. The beginning of a slot is the instance in which all mobile station detects 
the channel being idle after the previously received packet is completely served 
by the base station. If active stations generate their packets and send them at 
the same slot, then the slot is referred to as a collision slot. Also, it is assumed 
herein that our system is a non-persistent system. Let B (/) be the mean du- 
ration that a reverse channel is busy (idle). Also assume that the offered traffic 
load, including the new generated packets and backlogged packets due to colli- 
sion are on the reverse channel to be Poisson distribution with mean value G. 
Therefore PI, im, pni, 



B=l + t2 



I = 



tie~*^^ 
1 — 



( 1 ) 

(2) 



Introducing the probability, which a packet can successfully capture the 
channel (even though we do not consider this effect at later discussion), if we 
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Fig. 1. The timing diagram for the packet transmission 



denote the average successful packet transmission time in the time duration of 
B + I tohe U, then 

Y^oo (PG)"" -tiGpl 

U = ^ ^ (3) 

and the throughput St can be expressed as 



St = 



u 

7+B 



Y^oo (PG)"* -tiGpl 
Z^rn—1 m\ C 



C,m 



1 + t2 + (ti - t2 - 



( 4 ) 



where Pq ^ represents the capture probability that m colliding packets simulta- 
neously exist in a time slot. 

To simplify the analysis, it is assumed that the buffer size of each station is 
one. The mean delay time of a packet, denotes as D, is the sum of mean wait- 
ing time of a packet when a packet is generated and is allowed to contend the 
channel, W, and the mean service time, S. Also, it is assumed that a packet is 
uniformly generated during the interval l-|-t 2 - Therefore, the mean waiting time 
is given as 



W = 



l + t2 
2 



( 5 ) 



When only a packet contends for the channel, no collision occurs and is 
assumed to be successfully transmitted. Then, the queuing time of the packet 
is zero. When two or more packets simultaneously transmit their packet at the 
same slot, then the successful transmission depends on the capture probability 
that a packet can capture the channel among these packets. Therefore, the mean 
service time of packet is obtained as 






S = 



m—2 






m\ 



~ -Pc,m)(l + t2 + S) 



( 6 ) 



or 






mi 



( 7 ) 
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Finally, we have 

D = W+S 



2 



( 8 ) 



3.1 The Analysis of System Performance 

In this section, we neglect the capture effect among transmitted packets. There- 
fore, we can assume that 



pi _ 



1, if TO = 1 



10, if TO > 2 

Then, the throughput performance in Equation 0) can be rewritten as 



Sf = 



l + <2 + (ii-i2-l)e-‘i'^ 



( 9 ) 



( 10 ) 



Under the condition of U = ^ 2 , the throughput performance can also obtained 
as 



St = 



1 + ti- e-‘i<3 



( 11 ) 



and 



(l + t2)e-*^^(e*^Q-l-GG) 

1 — e-*iG(gtiG _ 1 _ t^Q'j 

^ (1 + ^2)[1 - (1 + GG)e~*^‘^] 

(l + GG)e-lie 

In addition, the mean delay time of a packet in Equation (0) can be rewritten 
as 



D = 



1 + ^2 (1 -h t2)[l ~ (1 + ^lG)e 

2 (l-htiG)e-*iG 

2(l + t2)-(l + t2)(l + GG)e-‘i® 

2(l + t2)(l + tiG)e-‘iG 
1+^2 UG _ 1 

1-hGG 2 



(13) 



3.2 The Selection of Parameters 

In this section, we first derive the relationship among G, G, and t 2 to obtain the 
maximum throughput performance. From Equation (cni), we have 






(l+t2 + (ti-t2-l)e-*lG)2 



= 0 



(14) 



206 Jiang Whai Dai and Ting Cheng Chang 



Therefore, 

- fiG)(l + t2 + {h -t2- = -tlih -t2- l)Ge"2*iG 

or 

1 + ^2 H“ (^1 — ^2 — l)c = ti(l H“ i2)G (16) 

Substituting Equation (uni into Equation (uni, we have 



tiGe-‘i ‘5 
“ 1 + t2 + (ti - i2 - 
_ tiGe~*^^ 
ti(l + t2)G 

g-tiG 

“ 1 + t 2 



(17) 



From Appendix A and Appendix B, we obtain the range of t\ and t2 are 
given as following, respectively. 

^2 > (l + GG)e"‘^‘^ - 1 IFTlTji 



and 



In 3 



< 



G 



(E 3 



3.3 The Constrained Conditions of Time Factors 
with Exponential Distribution 



In the previous sections, we constrain the values of t\ and t2 are fixed. In this 
section, we assume that the density distribution of t\ and t2 are both exponential 
random variables with parameter Ai and A2, respectively. We also assume that 
the random variable t\ and ^2 are independent. Then, the joint distribution 
function of t\ and ^2 is the product of these two separate density function. From 
Appendix C, we obtain the throughput performance and mean delay time of a 
packet to be 



and 



2 \ 

~ 71 gW ['^2 In A 2 — 1 + A 2 + e 

(Al - it ) 



— ^1 “ G* Ai(l + A 2 ) 1 

D = exp(-^)r(o, -^) - 5 



respectively. And the constrained condition of parameters as 




(term 



(k !.1 II1 



A 2 In A 2 



1 + A2 + exp(— A2) < 



2AiG 






and 
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Fig. 2. The relationship between throughput performance and t\ under the condition 
tl = t2 



4 Numerical Results 

This paper presents a significant protocol, MCSMA protocol, to resolve the 
hidden terminal problem. Subsequent impacts on the performance of MCSMA 
protocol among the varieties of the G value, t\ and ^2 are examined. From the 
above discussions and analyses in detail, we conclude that the ranges of t\ and ^2 
must be constrained to satisfy equations t\ < ^ and ^2 > (1 + — 1 . 

In addition, according to our following results, we change the only one parameter 
and maintain the others unchanged to clarify the effect of changed parameter as 
much as possible for each comparison. 

Altering the value of makes the first comparison. According to Figures 0 
andEl we see that the throughput performance decreases with the increment of 
tl. In addition, this curve approaches a linear relationship when the condition 
tiG « 1 holds. This phenomenon can be explained from Equation HH). Based 
on the condition of tiG « 1, we have 



tiG[l — tiG + _ . . .] 

1 — tl — [1 — tiG + ^(tiG)^ _ . . .] 

tiG{l-tiG) 
ti(l + G) 

G(l-tiG) 



1 + G 



( 18 ) 
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It is obvious that the slop of curve, St related to ti, is — • If the condition 

of tiG < 1 fails, the curve is exponentially decreased with the increment of 
tiG{> 1) holds. Then 



s, a (19) 

For the mean delay time of a packet. Figure 01 shown that the curve is expo- 
nentially increased with the increment of t\ when t\G > 1. The relationship is 
also can be observed in Equation (inj. Similar to the Figure 0 linear relation- 
ship also exist on the condition of fiG < 1 and the accuracy form can be derived 
from Equation dEI) and is given as 



D ^ 



l + t2 
1 -l- t\G 



1 

2 



( 20 ) 



Varying the value of G makes second comparison. According to Figures0and 
0 we see that the smaller the value of t\ is, the better the system performance is. 
From Figured, we also see that the throughput performance is rapidly decayed 
on the criteria t\G > 0.5. The larger value of means that the ability of system 
response is lack. It also represents that the tendency of the mobile station to 
detect the channel status is lengthy such that the collision probability among 
transmitted packets increases and the duration of time t 2 is not meliorated. In 
addition, the collision probability among these transmitted packets increases re- 
lated with the increment of G. Because the larger the value of G is, the more the 
generated packets of any mobile station are. This phenomenon also lengthens 
the mean delay time of a packet. 

The third work reveals the relationship between G and t\ to obtain the max- 
imum throughput performance. This result can be derived from Equation m 
and is depicted in Figure 0 when t 2 = kt\ is made. Figure 0 also obviously 
reveals that the curve with a larger k value requires the smaller ti is required 
to obtain the correspondingly maximum throughput performance at the same 
traffic load G. 

Based on the assumption of t 2 = kti, the final work is to enucleate the re- 
lationship between the system performance and the value of G under maximum 
throughput performance is obtained. From Figure 0 we can infer obviously sig- 
nificant change in the curve of throughput performance related to traffic load 
for the different k. 

Figure El reveals the mean delay time of a packet increases with the incre- 
ment of k at the same traffic load G. Moreover, the mean delay time of packet 
approaches to be a constant when G becomes larger. This phenomenon can be 
easily explained because the buffer size to store arrived packets of any mobile 
station has been assumed to be one. Therefore, all arrived packets are discarded 
when the buffer is filled. And the value of ti becomes shorten to obtain maximum 
throughput performance for the more heavy traffic load. This means that the 
ability of the base station to process the received packets and to broadcast the 
channel status is a most significant criterion in the system. Same results can be 
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the optimal case 




Fig. 7. The relationship between G and the maximum throughput performance for the 
optimal case 




Fig. 8. The relationship between the mean delay time of a packet and the value of G 
to obtain the maximum throughput performance 
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shown when the density distribution of ti and t 2 are both exponential random 
variables with parameter Ai and A 2 , respectively. Therefore, fuzzy theory can 
be introduced to adjust the length of ti and t 2 to derive the optimal system 
performance. 



5 Conclusions 

In this paper, we proposed a method to resolve the hidden terminal problem, 
which is till existed in the CSMA families for long ages. The proposed method 
is also can be easily implemented and applied in wireless communication system 
without too complex design of hardware circuit and processing procedures. Cap- 
ture phenomenon is not considered here. The throughput performance decreases 
with the increment of ti or G from the above analyses when ti = t 2 is assumed. 
In addition, the mean delay time of a packet increases with the increment of 
ti. However, the relationship between the throughput performance and ti or G 
approaches a linear relationship when t\G < 1. 

In order to easily point out the position that has the optimal system per- 
formance, we have to obtain the related parameters and to adjust these critical 
factors according to their possible relationship. We specifically discussed the re- 
lationship among time t\ the ratio k and traffic load G. From the analyses, we 
known that if the desired system performance is required, we see that the sig- 
nificant work is to control or adjust the traffic load of system or to speed the 
processing ability of the base station. In addition, we also discuss a specific case 
that the time factors have an exponential distribution. According to the assump- 
tions and analysis, we also derive the criterion selection of the parameter in the 
exponential distribution of time factors. Finally, we may conclude this simple 
and reliable proposed protocol is appropriate for the application of the wireless 
communication in future. 
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Appendix A: The Decision of Time Factor ti 
Based on Optimal Throughput Performance 

From Equation dm, we have 



dG 



ti{\ J- t 2 )(l ~ t\G)e J- ti{t\ — t 2 — l)e 
[l + t2 + (h-i2-l)e-‘iG]2 



(A.l) 
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However, 



“ [l+t2 + (‘l-‘2-l)<=“‘l‘^l* 

[ti(ti-t2-l)e-*lG] 



(A.2) 



Set the value of ^ to be zero, we obtain 



(1 + ^2 — ti)[tiG(2ti — 1) + 2]e — (It ^ 2)(2 — tiG) 



(A.3) 



Substituting t 2 = kt\ into Equation we have 

(1 + kti - ti)[tiG{2ti - 1) T 2]e"*i‘^ = (1 T fcG)(2 - GG) (A.4) 



Because 1 + kti is always larger than zero, 1 + kti — ti > 0 when fc > 1 is 
hold. 

Case A 



We have GG < 2. 

Case B 



r GG(2ti - 1) + 2 > 0 
I 2-GG>0 



r GG(2G - 1) T2 < 0 
\ 2-GG<0 



(A.5) 



(A.6) 



We have 2 < GG < — 2 tyri) or ti < 0. This analyzed result is contradicted 
with fact. Combining the discussions in Case A and Case B, if we want to know 
the saddling point with the maximized throughput performance from the rela- 
tionship G and G, Equation I A. 411 must be held and the circumstance of tiG < 2 
is necessary. 



Appendix B: The Selection of Time Factors to 
Obtain the Optimal System Performance 

From Equation 6 and Equation Q , we know that 

D = W+S 

^ 1 + ^2 uG _ 1 
1 + GG 2 

> W 

ITG 



1 

> - 
- 2 



2 



(B.l) 
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Therefore, 



or 



Since t 2 >0, we have 



or 



1 H” ^2 i r' 

> 1 

1 + tiG 


(B.2) 


t2 > (l + GG)e"‘^® - 1 


(B.3) 


(l + GGje"*!*^ > 1 


(B.4) 


1 +GG > e‘1'^ 


(B.5) 



Based ontiG < 2 in Appendix A, we can obtain the more accurately constrained 
unequal equation as 

+ > 1 (B.6) 



Finally, we have 



In 3 



<1 < 



G 



(B.7) 



Appendix C: The Selection of Parameter 
if Time Factor is Exponential Distribution 



Let the density distribution of G and t 2 both are exponential random variables 
with parameter Ai and A 2 , respectively. Therefore ED, 



f{x) 



Ae if a; > 0 

0, if a; < 0 



(C.l) 



Let us assume that the random variables t\ and t 2 are independent. Then 
the joint distribution function of t\ and t 2 has the following characteristic. 



f{tl,t2) = f{tl)f{t2) 



(C.2) 



C.l Throughput Performance 

In this section, we replace throughput performance St with variable St(ti,t 2 ). 
The mean throughput performance of system is given as 



St = f°°Xiexp( — Xit) -., 

Jo i ^ l+t2 + (ti-t2-l)exp(-tiG) 









X2exp( — A2t)dtidt2 

tiGexp(-tiG) 






j^^X2exp(—X2t)dtidt2 



= ir ir 



tiGexp(-tiG) 



(l+t2)cosh(^^^)+ti exp{ 



— X2exp{ — X2t)dtidt2 
) 



exp(-X2*) 



= frT Mexp(-Xit)tiGexp(-tiG)X2 f °° ^ 

do (i-^.t2)cosh(^—) + tiexp( ^~) 



dtidt2 (C.3) 
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From if \argj 3 \ < tt, Reg > 0 , and Rev > 0 , then 
x'"~^exp(—gx) 

I 

we have 



Sf = 



x + P 

Xi\2tiGexp{—Xit)exp{—tiG) 
cosh(f^) 

AiA 2 tiGea;p(— Ait)ea;p(— tiG) 
cosh{^^) 



dx = P‘' ^exp{Pg)r{v)r{l — V, Pg) 



(C.4) 



exp{—X 2 t) 



t 2 + 



cosh(l^)+iiea:p(— 



{ej;p(A 2 [l + ti 



cosh(l^") 

cosh(f^) 



AiA2tiGexp(— Ait)ea:p(— fiG) ^ /\ n i + 



cosh(f^) 



-{ea;p(A 2 [l + fi 



cosh(f^) 



]) 






cosh(^) ^ t 



(C.5) 



Since exp{x) = J 2 m=o 



\ \ ^ n \ I ^ I \ —tiG , X2tiexp{—tiG) ^ 

S, - A1A2G I hexpi[-X, + - + A2^^^^^]G){ln IA2 + 



+ E 



'0+ 

(_l)m+l 



[^+ fiexp(^JiG) ]^}A^^^i 



^^(to+ 1 )!'"' cosh{i^) 
From Littele’s rule, we have 



(C.6) 



tiexp{—tiG) exp{—tiG) — tiGexp{—tiG) 1 

lim r-7=^ — = lim 7; r-^; = — 

f sinh(t^) G 



ti-i-O C0sh(^^) ii->-0 



lim = _ lim = - lim = o (C,7) 



ti-)-oo cosh(f^) 

If fi 7^ 0 , then 

tiexp{—tiG) 



sinh(l 



^exp{^^) 






cosh(f^) exp(tiG) cosh(f^) 

ti 



/■^OO * 1 "* 'i 

\A^m —0 m\ '^^m —0 ( 2 m)]’ 



(C.8) 



According the analyses in Equation (IU 7 I) and E 3 , we can rewrite Equation 
(KA6I as 



St = A1A2G / tiexp{ati)\ln X2 + ^ ^ ^ — ]dti 



m —1 



(m + 1)! 



(C.9) 
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where a = — Ai + ^is used. Since 

r°° rlv) 

/ x''~^exp{—fj,x)dx= — — , Rev > 0, Rep > 0 (C.IO) 

Jo 

To satisfy the Equation iRTTTHl . we have a < 0 or 

(C.ll) 

Using the relation of Equation mm . Equation can be derived as 



Ai>- 



2A1A2G 



Am(_i)m +1 



2 ' 

2 XiG 

(Ai - f 



(m+1)! 

[A2 In A2 — 1 + A2 + e 



(C.12) 



C.2 The Mean Delay Time of a Packet 



In this section, we can replace the mean delay time of a packet as D by the 
symbol Z3(ti, t2)-From D{ti,t 2 ) = — 5, we have 



D { t2 ) = (t*t 



1 + tiG 



— Ai(l + ^2) [ 
Jo 

From we obtain 



ea:p[-(Ai - G)fi] 1 
TTfyG ~ 2 



Xe-^^dx = 1 



poo 

/ Aieccp(— Aify)dti (C.13) 
Jo 



(C.14) 



and 



/ 



00 '-’^^exp{—px) 



x+f3 



-dx 



= I3'^^exp{(3fj,)r{v)r{l — v, fjp), for\argP\ <tt, Re{p) >0, Re{v) > 0 (C.15) 

where 



poo 

r{a,x) = / e~*t°‘~^dt 

Jo 



If Ai — G > 0 or Ai > G, then we have 



(C.16) 



j^u \ / Ai — G Ai(I + 12) ^ Ai — G 1 rr’1-7^ 

D{t 2 ) = exp{ ^ ) T(0, ^ - (C.17) 
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and 

pOC 

D= D{t2)f{t2)dt2 
Jo 

,\i-G.Xi{l + t2) Xi-G. 1 






-^(0, — ^ — ) - - )■ X2exp{-X2t2)dt2 (C.18) 



Since 



x'^e-^^dx = n\p-^-^JorRep > 0 



(C.19) 



we have 



^ 1^1 — G Ai — G Ai(l + A 2 ) 1 

D = exp(-^)r(0, -^) - 2 



(C.20) 



C.3 Critical Time 

We have found that the range of Ai must satisfy the Equation (RTTTt . In this 
section, we will find out the range of A 2 to obtain the optimal throughput per- 
formance. From Equation cna), we have 

§ = (X7^^[2 + lnA2 - ea:p(-A2)] (C.21) 

To derive the optimal throughput performance related with A 2 , we set the 
result of Equation to be zero. Then, the optimal throughput performance 

related with A 2 can be derived as 

exp(— A 2 ) = 2 -h In A 2 (C.22) 

Since St > 0, from Equation we find that A 2 < 0. However, in the 

fact of S't > 0, the value of A 2 to obtain the maximized throughput performance 
is just A 2 = 0. In addition, St < 1, . Therefore, from Equation l|( 1 1 21) . the 
constrained condition of A 2 is 

A 2 In A 2 - 1 -f A 2 -f exp{-X 2 ) < 



(C.23) 
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Abstract. Forward secrecy and user anonymity are provided in the 
WTLS for the wireless Internet communications. Forward secrecy can 
be built by using Diffie-Hellman key agreement with random numbers in 
the Hello messages, and user anonymity by employing the signcryption 
scheme to the ClientKeyExchange and CertihcateVerify procedure. In 
addition to these features, the modified WTLS handshake protocol has 
mutual authentication and key agreement against man-in-the-middle at- 
tacks. The resulting security features, bandwidth efficiency, and compu- 
tational load are analyzed in comparison with the existing WTLS. 



1 Introduction 

The combination of mobile communications with the Internet has recently be- 
come extensive. This means that mobile communication systems and client mo- 
bile devices can now enable access to the Web. Accordingly, operators and 
manufacturers have responded by establishing the WAP (Wireless Application 
Protocol) forum, which defines sets of protocols for the wireless internet com- 
munications. The first specification WAP 1.0 was released in 1998, and the 
second specification WAP 2.0 was recently released on the WAP forum home 
site [1]. The WAP forum has already developed the WTLS(Wireless Trans- 
port Layer Security) layer [2] for secure communication within the WAP en- 
vironment. The primary goal of WTLS is to provide privacy, data integrity, 
and AKA(Authentication & Key Agreement) between communication entities. 
WTLS bears a close resemblance to SSL 3.0 [3] and incorporates new features, 
such as a datagram service, optimized handshake, and dynamic key refresh- 
ing. WTLS is optimized for low-bandwidth bearer networks with a relatively 

* This research has been partially supported by Mobile Security Research Center, 
Kyungpook National University, Korea. 
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long latency and consists of four protocols: Handshake protocol, alert proto- 
col, Change Cipher spec Protocol, and Record Protocol. The WTLS handshake 
protocol is used to negotiate the attributes of a secure session with the WTLS 
layer in WAP architecture [4]. The WTLS provides neither forward secrecy nor 
user anonymity, which are important security features in the wireless Internet 
communication environment . 

Forward secrecy promises that even if long term secret keys are disclosed 
to any adversary, session keys established before the compromise of the long 
term secret keys would not be compromised. The concept of forward secrecy 
seems to have been presented in Gunther’s paper [5]. Varieties of protocols are 
able to provide forward secrecy [6,7], but recently several papers [8,10] have 
extensively treated forward secrecy to meet requirements of mobile communica- 
tion environment [18, 19]. They suggested new protocol structures for achieving 
forward secrecy. 

User anonymity provides confidentiality of user identification. This property 
feature has been recognizing as an important security feature in mobile com- 
munications. Recently, efficient and practical AKA protocols for user anonymity 
were presented in [9, 10], where they modified the signcryption scheme [11, 12]. 
We embedded it in WTLS to meet user anonymity. In addition, the proposal pro- 
vides fundamental security features such as non-reputation, data encryption, and 
mutual authentication. This paper proposes a modified WTLS handshake pro- 
tocol that can provide both forward secrecy and user anonymity for the wireless 
Internet communications. The Hello massages are changed for forward secrecy 
and the signcrytion scheme is used to achieve user anonymity and reduced the 
number of pass in WTLS handshake protocol. The remainder of this paper is 
organized as follows. Section 2 outlines the existing WTLS handshake protocol. 
Section 3 introduces the modified WTLS handshake protocol. Section 4 analyzes 
the security features, bandwidth efficiency, and computational load in compari- 
son with the existing WTLS handshake protocol. The conclusions are presented 
in Section 5. 

2 Existing WTLS Handshake Protocol 

The WTLS handshake protocol produces cryptographic parameters for a secure 
session and operates on top of a WTLS Record Layer. When a WTLS client and 
server first start communicating, they agree on secure session information. In 
cryptographic terminology, the WTLS handshake protocol is an AKA protocol 
and its negotiated session information consists of the following items. 

— Session identifier: Arbitrary sequence chosen by the server to identify an 
active or resumable secure session. 

— Protocol version: WTLS protocol version number. 

— Peer certificate: Certificate of the peer. 

— Compression Method: Algorithm used to compress data. 

— Cipher spec: Specification of the bulk data encryption algorithm and MAC 
algorithm. It also defines cryptographic attributes such as the MAC size. 
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— Master secret: 20- byte secret shared between the client and the server. 

— Sequence number mode: Sequence numbering scheme used in the secure con- 
nection. 

— Key refresh: Definition of how often certain connection state value calcula- 
tions are performed. 

— Is resumable: Flag indicating whether the secure session can be used to 
initiate new secure connections. 



2.1 Operation of Handshake 

This section introduces certain notations that are then used to describe the 
protocols in the remainder of this paper. 

— V: WTLS version. 

— SID: ID of a secure session the client wishes to use for the secure session. 

— SecNegg: information supported by entity E, such as key exchange suit, 
cipher suit, compression method. Key fresh, etc. 

— Kp: pre_master secret in WTLS handshake. 

— Km: master secret in WTLS handshake. 

H: one-way hash function. 

— KH: keyed one-way hash function. 

— /: pseudo-random function using keyed one-way hash function. 

— xe - secret key of entity E. 

— Pe: public key of entity E. 

— Certs: certificate of entity E. 

— Re: random number generated by entity E. 

— Ek{x}(Dk{x}): symmetric encryption(decryption) of x using key K. 

— X II y: concatenation of x and y. 

— |x|: bit length of x value. 

WTLS handshake protocol sharing session information can be classified into a 
full handshake, abbreviated handshake, shared-secret handshake, and optimized 
handshake. A full handshake is used when starting a new secure session, whereas 
an abbreviated handshake is employed when the client and server decide to 
resume a previous secure session parameters. A shared-secret handshake means 
that the new secure session is based on a shared secret already implanted in 
both ends. Its message flow is similar to an abbreviated handshake. Finally, an 
optimized handshake is used when the server can retrieve the client certificate 
from either a certificate distribution service or its own sources. The current 
study only deals with a full handshake because the other handshakes can all be 
explained using abbreviated types of a full handshake. Fig. 1 shows the message 
flow for a full handshake protocol using an EC-based DH key exchange and 
EC-DSA. It will be compared with the proposed WTLS handshake in Section 3. 

The client sends a ClientHello message to which the server must respond 
with a ServerHello message. These Hello messages are used to establish secu- 
rity enhancement capabilities between the client and the server. Following the 
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Client [C] 



Server [S] 



[ClientHello] ^Rc,V,SID,SecNegc^ 

^Rs,V,SID,SecNegs^ [ServerHello] 

Certs [Certificate] 

[CertificateReqnest] 

[ServerHelloDone] 

Kp = ®cPs 

=/(Kp,Rc,Rs) 

[Certificate] Certc 

Kp = ssPc 

=/(Kp,Rc,Rs) 

r = n{kP) 

s = (H(handshake) + xc • r) • fc“^mod q 
[CertificateVerify] H(handshake)[[r[[s 



u = H(handshake) • s“ 

r? = 7t(u • P+ rs'^Pc) 

[ChangeCipherSpec] 

[Finished] => [ChangeCipherSpec] 

<^= [Finished] 

[Application Data] [Application Data] 



§ P: a generator on the elliptic curve, q: a large prime. [q[ = [H(-)[ 
k: a random value selected by the client, tt{P = (x, y)) = x 

Fig. 1. Existing WTLS full handshake protocol with an EC-DH key exchange 



Hello messages, the server sends its certificate, if it needs to be authenticated. 
In addition, a ServerKeyExchange message may also be sent, if required or the 
server may request a certificate from the client, if that is appropriate to the key 
exchange suite selected. Next, the server sends a ServerHelloDone message, in- 
dicating that the Hello message phase of the handshake is complete. The server 
then waits for the client response. If the server has sent a CertificateRequest 
message, the client must send a Certificate message. A ClientKeyExchange mes- 
sage is sent if the client certificate does not contain sufficient data for a key 
exchange or if it is not sent at all. The content of the message will depend on 
the public key algorithm selected between the ClientHello and the ServerHello. 
Examples of public key algorithms include RSA [13], DH(Diffie-Hellman) [14], 
and EC(elliptic curve)-DH [15-17] schemes. After this message, the pre_master 
secret is set. If the client is to be authenticated using a certificate with a signing 
capability, a CertificateVerify message is sent to explicitly verify the certificate 
by a digital signature. At this point, a ChangeCipherSpec message is sent by the 
client, and the client copies the pending cipher spec into the current write ci- 
pher spec. The client then immediately sends a Finished message under the new 
algorithms, keys, and secrets. When the server receives the ChangeCipherSpec 
message, it also copies the pending cipher spec into the current read cipher spec. 
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In response, the server also sends its own ChangeCipherSpec message, sets its 
current write cipher spec to the pending cipher spec, and sends its own Finished 
message under the new cipher spec. At this point, the handshake is complete 
and the client and server may begin to exchange application layer data. 

2.2 Weakness of Handshake 

The primary goal of the WTLS layer is to provide confidentiality, data integrity, 
and authentication between two wireless communicating applications. However, 
its handshake has several weaknesses as an AKA protocol for mobile networks 
[18, 19] along with an end-to-end problem, which is a WTLS architectural prob- 
lem. The current study focuses on the exposure of user certificate and lack of 
forward secrecy in the handshake. Forward secrecy [8], one of the possible se- 
curity features provided by key establishment protocols, is concerned with the 
dependency of a common session key on a secret key. This feature promises that 
even if a secret key is disclosed to an adversary, the common session keys estab- 
lished in the protocol runs will not be compromised. Plus user anonymity can 
be satisfied by the encryption or signcryption of the user certificate. 

In the WTLS handshake message flow, the user’s certificate is sent to the 
server without encryption or another cryptographic scheme. As such, if a pas- 
sive attacker takes the certificate from the air-interface, he can figure out the user 
information using the certificate. Furthermore, if the long-term secret keys are 
disclosed, the preunaster secret will be revealed in the client key exchange mes- 
sage, and the master key will be revealed before the Finish message. This means 
that the handshake does not satisfy the features of user anonymity and forward 
secrecy. With these features, the handshake has only user’s digital signature so 
mutual authentication isn’t provided. Accordingly, the next section presents the 
modifications to the handshake regarding entity anonymity, forward secrecy and 
mutual authentication. 



3 A Modified WTLS Handshake Protocol 

The WTLS handshake protocol is modified to provide user anonymity, forward 
secrecy, and mutual authentication based on considering its key exchange and 
authentication algorithm. Although this paper focuses on the WTLS full hand- 
shake, the modifications can also be applied to the other handshakes. When 
DH_anon, EC-DH_anon, or RSA_anon is used, each entity’s public key is replaced 
with its certificate in the ServerKeyExchage and ClinetKeyExchage message. 

3.1 Description of the Proposal Using EC-DH Key Exchange 

Fig. 2 describes the modified handshake protocol with an EC-DH key exchange. 
The handshake with a DH key exchange is similar to that with an EC-DH ex- 
change. An EC-DH key exchange can be easily converted to DH using a discrete 
logarithm problem(DLP) instead of EC-DLP. 
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Client [C] 



Server [S] 



[ClientHello] ^RcP,V,SID,SecNegc^ 

^RsP, H(RsP||(RcP)a:s), V,SID,SecNegs^ [ServerHello] 

Certs 



H(RsP||RcPs)? = H(RsP||(RcP)xs) 

Kp = RcRsP 
K^ = H(RcPs||Kp) 

[ClinetKeyExchange] 

[CertificateVerify] 

r = KHkp (H(handshake)) 
s = Rc/(r + ®c)mod q 

=^c = EK„{Certc|| H(handshake)| |r| |s} ^ 

[ChangeCipherSpec] 

[Finished] 

Kp = RcRsP 

= H((RcP)xs||Kp) 

Dk„{c} = Certc] |H(handshake)||r||s 
Kp? = (Pc + rP) • sRs 
KHKp(H(handsahke))? = r 
[ChangeCipherSpec] 

[Finished] 

[Application Data] 4=^ [Application Data] 



[Certificate] 

[CertificateRequest] 

[ServerHelloDone] 



P: a generator on the elliptic cnrve, q: a large prime. |q| = |KH(-)| = |H(-)[ 
Fig. 2. A modified WTLS fnll handshake protocol with an EC-DH key exchange 



— The client sends a ClientHello including a pre-computed random value 
RcP(a compressed elliptic curve point), version V, session ID SID, and 
the other information required for a security negotiation SecNegc- 

— The server responds with a ServerHello including a pre-computed random 
value RsP, hash value H(RsP||(RcP)a;s), version V, the same session ID as 
the client SID, and the other information for a security negotiation SecNegs 
(selected by the server from SecNegc). The hash value H(RsP| |(RcP)a;s) 
is used for server authentication by the client. 

— The server sends its certificate. The server requests a certificate from the 
client, if that is appropriate for the key exchange suit selected. Then the 
server sends the ServerHelloDone message. 

— The client verifies if the received hash value is the right one by comparing it 
with H(RsP||RcPs), then computes the pre_master secret Kp = RcRsH 
and master^ecret Km = H(RcPs||Kp) and applies the signcryption scheme 
for mobile communications. In a CertificateVerify, the client then sends the 
signcrypted message c. 
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• An example of the client’s signature values r and s is as follows: 

r = KHk (H(handshake)), s = Rc/(r + a;c)mod q 
where q is a large prime, its length is equal to |KH(-)| 

• An example of the client’s signcrypted message c is as follows: 
c = EK„{Certc||H(handshake)||r||s} 

— The server then computes key pairs using its private key and unsigncrypts 
the client’s signcrypted message. 

1. The server computes the pre_master key Kp = RcRs^" and master se- 
cret K^ = H((RcP)xs||Kp). 

2. The server decrypts the received message c using the master secret to 
get the client’s certificate, H(handshake), r, and s. 

3. The server then verifies the client’s signature. 

Kp? = (Pc+rP)-sRs 
KHKp(H(handsahke))? = r 

— At this point, ChangeCipherSpec and Finished messages are sent by the 
client and the server to each other. The handshake is then complete and the 
exchange of application layer data can begin. 

The Hello messages and the Client Verify message are both modified to pro- 
vide additional security features such as forward secrecy and mutual authenti- 
cation. Instead of Rc and Rc, RcP and RsF are used for forward secrecy, 
respectively. The modified handshake is able to offer this security feature be- 
cause the pre_master secret is set with the Hello message’s random value after 
server authentication by the client. In the Client Verfy message, the signcryp- 
tion scheme for mobile communications [9, 10] is used as previous signcryption 
schemes are unsuitable for mobile communications. In Zheng’s scheme [11], un- 
signcryption requires the recipient’s long-term private key, which can produce 
certain constraints in applications where signatures need to be validated by 
others [20]. Meanwhile, although Bao&Deng’s scheme [12] overcomes the con- 
straints of Zheng’s scheme, it does not satisfy the security requirement of signer 
anonymity. The embedded signcryption in this protocol adds signer anonymity 
to Bao&Deng’s scheme and reduces the client’s Certificate message pass. When 
considering compatibility with the existing handshake, a simple flag message can 
be used in the client’s Certificate message flow. As such, the client’s certificate 
is signcrypted and sent to the server in the Client Verfy message flow. 



3.2 Description of the Proposal Using RSA Key Exchange 

Fig. 3 describes the modified handshake protocol with an RSA key exchange. 
The key Kt is temporarily introduced for forward secrecy. The pre_master secret, 
Kp = KHKt(a^c), is computed by hashing the client’s long-term secret key with 
the temporary key. The client generates the pre_master secret and sends it using 
RSA encryption in the CilentKeyExchange message. The server then decrypts 
the message. The remaining message flow is similar to the handshake with a 
DH(EC-DH) key exchange. 
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Client [C] 



Server [S] 



[ClientHello] ,V,SID,SecNegc^ 

^g*^s ,H(g*^s 1 1 (gR-A )»s ) v,SID,SecNegs^ [ServerHello] 

Certs [Certificate] 

[CertificateRequest] 

[ServerHelloDone] 

H(g^s||Ps^c)? = H(g^s||(gRA)®s) ^ 

Kt = 

Kp =KHKt(sc) 

K^ = H(P^^||Kp) 

[ClinetKeyExchange] ^ (Kp)®mod n ^ 

[CertificateVerify] 

r = KHkp (H(handshake)) 
s = Rc /(r + a:c)mod q 

=^c = EK„{Certc|| H(handshake)||r||s} 

[ChangeCipherSpec] 

[Finished] 

K^ = H((g^'=)®s||Kp) 

Dk„{c} = Certc]]H(handshake)]]r]]s 
Kt? = (Pc • 

KHkp (H(handsahke))? = r 
[ChangeCipherSpec] 

[Finished] 

[Application Data] [Application Data] 



(n, e): the server’s pnblic key in RSA public key algorithm 
q: a large prime. ]q] = ]KH(-)[ = ]H(-)] 

Kt: a temporary key in WTLS handshake with an RSA key exchange 
Fig. 3. A modified WTLS full handshake protocol with an RSA key exchange 



4 Analysis 

The modified WTLS full handshake was analyzed in comparison with the original 
WTLS full handshake. For practicality and efficiency, an EC-DH key exchange 
was assumed for the comparison as a handshake with an EC-DH key exchange 
can be achieved by using only a minimal bandwidth without any lack of security 
as opposed to RSA or ElGamal [21] systems. The resulting security properties, 
bandwidth efficiency, and computational load of the two protocols were consid- 
ered as follows: 

4.1 Security Properties 

Based on the security requirements in [22], the security properties of the proto- 
cols are evaluated as shown below and summarized in Table 1. 
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Table 1. Security features of the modified handshake in comparison with original 
handshake 



Security features 


Modified handshake 


Original handshake j 


C S 


S C 


C S 


S C 


Entity auth. 


Y 


Y 


Y 


N 


Key auth. 


Y 


Y 


Y 


Y 


Key agreement 


Y 


Y 


Y 


Y 


Key freshness 


Y 


Y 


Y 


Y 


Anonymity 


Y 


N 


N 


N 


Non-repu. 


Y 


N 


Y 


N 



Y: satisfied. N: not satisfied. 



— Mutual entity authentication: Since S (server) makes a hash value based on 

and (Rc^‘)a;S) the verifier C(client) can authenticate C by confirming 
if the hash value is equal to H(RsP||RcPs)- Since C also makes a sign- 
cryption based on the random number RsP by S (server), the verifier S can 
authenticate C. 

— Key authentication: Explicit key authentication to S and implicit key au- 
thentication [23] to C. Since only the one who knows Rc and xc can com- 
pute Km and a signature (r,s), and moreover, the computed signature is 
encrypted with Km, the verifier S can confirm whether Km has been ac- 
tually computed by the signer C. Since the key Km can only be computed 
by a holder of the secret key zs, the sender C can have an implicit key 
authentication. 

— Mutual key agreement: The pre .master secret is derived by randomly chosen 
numbers RcP and RsP by C and S, respectively. 

— Mutual assurance of key freshness: Since the session key is derived from a 
randomly chosen number by C and S, respectively, both entities ensure the 
freshness of the session key. 

— Anonymity: Since any information on C is signcrypted in this protocol, the 
client anonymity is satisfied. Considering the client anonymity, the recipient 
S can only generate the decryption master secret Km = H((RcE)a;s||Kp) 
without the client’s certificate. As a result, the signer’s certificate can be 
encrypted using the master secret. Therefore, the user anonymity can be 
ensured, while server’s certificate(often used in the form of short-lived WTLS 
certificates) need not be anonymous. 

— non-repudiation of user: This property is based on using the signcryption 
for a mobile network scheme. When C denies the fact that they signcrypted 
a message with S as its recipient, the server S forwards a signcryption pair 
({Certc||H(handshake)},r,s). Then the judge can drive P and Pc by 
Certc and settle this dispute by just verifying the following without S’s 
secret information. It’s one of the signcryption scheme’s merits. 

Kp = (Pc + vP) ■ sRs and r = KHKp(H(handshake)) 
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Table 2. Computational load of handshakes in bit multiplications 





Computational load j 


Modified handshake 


Original handshake 


Client 


Key generation 


72 M-f [36 M| 


36 M 




Signature generation 


- 


[36 M| 


Server 


Key generation 


72 M-f [36 M| 


36 M 




Signature verification 


72 M 


72 M 



[ • ]: corresponding operation can be done in off-line state, i.e, pre-computation 



4.2 Computational Load and Bandwidth Efficiency 

The computational load is calculated in bit multiplications for each protocol. 
It is assumed that each protocol employs the same elliptic curve cryptosys- 
tems over GF{p), where p is a 160-bit prime number. Most of the computa- 
tion time is spent on scalar multiplications, which are included in the signature 
generation/verification and key generation. As such, the computational loads 
related to hashing, symmetric key encryption, field additions, and field multi- 
plications are ignored as they are only minor loads. In addition, the load for 
certificate verification is also ignored as this is common to all protocols. The 
method used to calculate the computational loads of each associated transfor- 
mation is described in [9]. The total numbers in bit multiplication to compute 
point multiplication are 36M (M denotes 10® ) . Table 2 evaluates and compares 
the computational loads for the protocol in comparison with the original hand- 
shake. When compared with the original handshake, the proposed handshake 
included an one additional scalar multiplication and one off-line computation in 
each key generation part. Its additional computation is used for forward secrecy 
and mutual authentication against man-in-the-middle attacks [24]. 

The lengths of the exchanged messages were calculated for the modified hand- 
shake to compare its bandwidth efficiency, as shown in Table 3. The proposed 
protocol uses the random number for forward secrecy much longer than the 
existing handshake and adds the hash value for mutual authentication against 
man-in-the-middle attacks. The length of the hash value may be reduced for 
bandwidth efficiency using a half length hash. The overall band efficiency of the 
modified handshake was roughly equivalent to that of the existing handshake. 
Plus, even when the client’s Certificate message flow was removed without send- 
ing the client certificate or public key, the server was till able to verify the client 
signature and acquire the client certificate. In WTLS based on UDP, reducing 
the message flow can decrease any data leakage. 



5 Conclusion 

A modified WTLS handshake for the wireless internet communications was pre- 
sented that can provide user anonymity and forward secrecy. In addition to these 
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Table 3. Bandwidth efficiency of handshakes in bits 





Message 

flow 


Bandwidth efficiency | 


Modihed handshake 


Original handshake 


c s 


ClientHello 


177+|SecNegc| 


112 -b |SecNegc| 


Certihcate 


- 


Certc 


ClientKey Verify 


ICertcl -f 480 


480 


s c 


ServerHello 


337-1- |SecNegs| 


112 4- SecNegs 


Certihcate 


1 Certs 1 


1 Certs 1 



The length of message: 

|Rc| = 96,|RcP| = 161, |V| = 8, |SID| = 8, |H(-)1 = |KH(-)1 = 160, |(r||s)l = 320 



features, mutual authentication can be achieved against man-in-the-middle at- 
tacks. These additional security features are facilitated by modifying the Hello 
message and signature/verification related to the handshake message. And the 
level of message flow can be also reduced using the signcryption. The proposed 
protocol can be implemented easily and offers additional security features ana- 
lyzed in this paper. Furthermore, it can be used compatibly in profiled-TCP of 
WAP 2.0. 
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Abstract. Diameter adopts TLS to secure transferring messages be- 
tween communicating peers and defines TCP and SCTP as its transmis- 
sion protocol. This paper analyzes functional requirements of transmis- 
sion protocol of Diameter and proposes design of transport layer struc- 
ture including integrated TLS with SCTP. First, we analyze the func- 
tional requirements of transport protocol both TCP and SCTP in Diam- 
eter as well as TLS. To integrate TLS and SCTP, we analyze character- 
istics of TLS and SCTP. Based on their characteristics, we derive design 
requirements of transport layer structure integrated TLS and SCTP. 



1 Introduction 

The RADIUSm protocol has been used to provide AAA (Authentication, Au- 
thorization and Accounting) services for dial-up PPP and terminal server access. 
But, increase of network and user’s mobility make RADIUS protocol unsuitable 
for AAA protocol in such network environments. Diameter nrotocol |2I,'1| is de- 
signed to meet these changes in aspect of network access both in the traditional 
PPP sense as well as taking into account the ROAMOPS model, and Mobile-IP. 

Diameter protocol uses TCPE] and SCTP u as transmission protocol be- 
tween Diameter nodes. Also Diameter adopts TLSjOl and IPsec|3 as a hop-by- 
hop security protocol to secure transferring messages between communicating 
peers. 

Table 1 depicts transmission protocol and security protocol in Diameter sup- 
ported by Diameter clients such as network access server (NAS) or foreign agent 
(FA), Diameter servers and Diameter agents such as Diameter relay. Diameter 
proxy and Diameter redirector. Diameter clients must support either TCP or 
SCTP, while agents and servers must support both. Also, Diameter clients must 
support IPsec and may support TLS while Diameter agents and servers must 
support TLS and IPsec. 

This paper analyzes functional requirements of transmission protocol of Di- 
ameter and proposes design of transport layer structure, especially integrated 
TLS and SCTP. First, we analyze the functional requirements of transport pro- 
tocol both TCP and SCTP in Diameter as well as TLS. To integrate TLS and 
SCTP, we analyze characteristics of TLS and SCTP. 
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Table 1. Transmission and security protocols supported by Diameter nodes 



Protocol 


Diameter Client 


Diameter Agent 


Diameter Server 


TCP 


MAY 


MUST 


MUST 


SCTP 


MAY 


MUST 


MUST 


IPsec 


MUST 


MUST 


MUST 


TLS 


MAY 


MUST 


MUST 



Diameter Node A Diameter Node B 



Diameter 

Application 




Diameter 

Application 


TLS 




TLS 


TCP 1 SCTP 




TCP 


SCTP 


IPsec 




IPsec 


Ethernet 




Ethernet 



Fig. 1. Transmission and security protocols supported by Diameter nodes 

The rest of paper is organized as follows. Section 2 shows a brief of protocol 
stack of Diameter node. More over, functional requirements of transmission pro- 
tocol and security protocol are given in section 2. We will propose integration 
method TLS with SCTP in section 3. Section 4 presents design of transport layer 
structure and conclusion will be given in section 5. 



2 Transmission Protocol of Diameter 

2.1 Diameter Protocol Stack 

As explained in Table 1, Diameter clients must support either TCP or SCTP and 
IPsec and may support TLS. But Diameter agents and servers must all protocol. 

Fig.l shows protocol stack of an arbitrary Diameter node that deploys all 
Diameter protocol such as TLS, TCP, SCTP and IPsec. Diameter agents and 
servers have protocol stack like this. 



2.2 Functional Requirements of Transmission Protocol 

Transmission protocol of Diameter and its implementation must support func- 
tions as follows. 

— Determination of message sending rate 

In AAA system, transport behavior is typically application-driven rather 
than network-driven. This means that the rate at which message are sent is 
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Fig. 2. Multiple connections 



typically limited by how quickly they are generated by the application, rather 
than by the size of the congestion window. But there are circumstances in 
which they are network-driven. 

Use of Nagle algorithm 

Typically AAA transport is application-driven the Nagle algorithm 0 is 
ineffective. But as explained above, there are circumstances in which they 
are network-driven, it is possible that multiple packets will be available for 
sending. Use of the Nagle algorithm will result in ’’transport layer batch- 
ing” of AAA message. So there are circumstances where the transport-layer 
batching provided by the Nagle algorithm is useful and as a result, AAA 
implementations running over TCP must enable the Nagle algorithm. The 
Nagle algorithm is not used with SCTP. 

Multiple connections 

AAA protocols should use only a single persistent connection between com- 
municating peers. While a AAA client /agent should only use a single persis- 
tent connection to a given AAA agent or server, it may have connections to 
multiple AAA agents or servers. A AAA client /agent connected to multiple 
agents/servers can treat them as primary/secondary/alternate or balance 
load between them. 

Application layer watchdog 

In order to enable AAA implementation to more quickly detect transport 
and application-layer failures, AAA protocol must support an application 
layer watchdog. This is not achieved by transport protocol itself but by 
transport protocol implementation. This is distinct from the purpose of the 
SCTP heartbeats, which is to enable failover between interfaces. The SCTP 
heartbeats may enable a failover to another path to reach the same server. 
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but does not address the situation where the server system or the application 
service has failed. Application layer watchdog is useful is this situation. 

— Duplicate detection 

Multiple facilities are required to detect duplicate messages. These include 
session identifiers as well as hop- by-hop and end-to-end message identifiers. 

— Processing of congestion control 

As Diameter transport is application-driven, congestion control must be 
achieved by Diameter implementation. Where TCP is applied, congestion 
control is performed with Congestion Window Validation |S] and RTO vali- 
dation. In SCTP, AAA implementation uses SCTP heartbeats. SCTP states 
that heartbeats should be enabled by default with an interval of 30 seconds. 
To process congestion control in SCTP, AAA implementation may reduce 
the heartbeat interval. 

— Head of line blocking 

TCP inherently dos not provide a solution the head of line blocking problem. 
But in SCTP, multiple streams facility in an association prevents head of line 
blocking. 

— Support for peer-to-peer communication 

As any Diameter node may initiate connection, not client-server model. Di- 
ameter node can support both client mode and server mode in establishing 
connection. 



2.3 Functional Requirements of Security Protocol (TLS) 

Implementation of security protocol must support functions as follows. 

— Mutual authentication 

Diameter nodes implementing TLS for security must mutually authenticate 
as part of TLS session establishment. In order to ensure mutual authenti- 
cation, the Diameter node acting as TLS server must request a certificate 
from the Diameter node acting as TLS client. Therefore the Diameter node 
acting as TLS client must be prepared to supply a certificate on request. 

— Supported cipher suites 

Diameter nodes implementing TLS must be able to negotiate the following 
TLS cipher suites. 

• TLS-RSA-WITH-RC4-128-MD5 

• TLS-RSA-WITH-RC4-128-SHA 

• TLS-RSA-WITH-3DES-EDE-CBC-SHA 

Diameter nodes may negotiate other cipher suites. 

3 Integration TLS with SCTP 

As explained in Fig. 1, TLS is designed to run on top of a byte-stream ori- 
ented transport protocol providing a reliable, in-sequence delivery. So TLS is 
currently mainly being used on top of the TCP. Similar to TCP, SCTP is an- 
other general-purpose transport protocol for IP network data communications, 
which overcomes shortcomings and limitations of TCP. 
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3.1 Connections and Bi-directional Streams 

TLS make use of a bi-directional stream by establishing a connection over it. This 
means that the number of bi-diretional streams limits the number of connections 
for an association. 

Let’s assume that an association between the endpoint A and Z provides n 
streams form A to Z and m stream from Z to A. A pair consisting of two streams 
with the same stream identifier is considered and used as one bi-directional 
stream. Then, min(n,m) bi-directional streams can be configured in an SCTP 
association from Z to A or A to Z. The TLS handshake protocol is used on each 
bi-directional stream separately. Each handshake can be 

— Full handshake 

Let’s assume that full handshake takes place on two bi-directional streams 

0 and 1. After the association has been established, the TLS client sends 
two ClientHello messages on the bi-directional streams 0 and 1. Since a full 
handshake has been completed on each bi-directional stream, TLS based 
user data transmission can be started on that stream. Also, it is possible 
that on the bi-directional stream 0 the handshake has been completed and 
user data transmission is ongoing, while on the bi-directional stream 1 the 
handshake has not been completed, or vice versa. 

— Abbreviated handshake that resume session with a session id from another 
connection 

Let’s assume that full handshake takes place on two bi-directional streams 0 
and 1. After establishing the association, the TLS client starts a full hand- 
shake on the bi-directional stream 0. The server provides a session identifier 
which allows session resumption. After the full handshake has been com- 
pleted, the client initiates an abbreviated handshake on the bi-directional 
stream 1 using the session identifier from the handshake on the bi-directional 
stream 0. User data can be transmitted on the bi-directional stream 0, but 
not on the bi-directional stream 1 in that state. After completion of the ab- 
breviated handshake on the bi-directional stream 1, user data can be trans- 
mitted on both streams. 

Let’s consider another case. After the completion of the full handshake on the 
bi-directional stream 0, abbreviated handshake on the bi-directional stream 

1 is not started immediately. The bi-directional stream 0 can be used for 
user data transmission. It is only when the user also wants to transmit data 
on the bi-directional stream 1 that the abbreviated handshake for the bi- 
directional stream 1 is initiated. This allows the user of TLS to request a 
large number of bi-directional streams without having to provide all the 
resources at association start-up if not all bi-directional streams are used 
right from beginning. 

3.2 TLS-Based User Date Transmission 

TLS based user data must be transmitted bi-directional stream, so uni-directional 
streams cannot be used for TLS based user data transmission. 
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LCB : Lower-layer Communication Block 
Fig. 3. Transport layer structure of Server mode (SCTP) 



Unlike SCTP based user data, TLS based user data is encrypted with a 
key TLS requires that the underlying transport delivers TLS records in strict 
sequence to decrypt correctly. Thus the ‘unordered delivery’ feature of SCTP 
must not be used on streams that are used for TLS based user data transmission. 
For the same reason, TLS records delivered to SCTP for transmission must not 
have limited lifetimes. 

4 Design of Transport Layer Structure 

Diameter protocol works on separated ports which are TCP port and SCTP 
TCP. Each port number will be assigned by lANA. 

Fig. 3 depicts transport layer structure that works as server mode (SCTP). 
Server mode does not mean Diameter server, it means communication server 
mode that accepts connection request . This paper proposes transport layer struc- 
ture that is separated from Diameter application and works as independent pro- 
cess. We will call this process as Lower layer communication block (LCB). When 
new connection request arrives to LCB server from communicating peer, LCB 
accepts connection request and creates server instance to take over peer. 

LCB process receives requests from Diameter application and processes re- 
quests. Also, LCB receives messages from communicating peer and forwards 
messages to Diameter application. Therefore, it has advantages rather than in- 
tegrated with Diameter application on system management and balancing load 
to Diameter application. While additional interfaces with Diameter application 
are needed because of separation from Diameter application. Interfaces with 
LCB and Diameter application are as follows. 
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Table 2. LCB server main interface with Diameter application 



Primitives 

Flow 


Description 


Evnt-LcbTx-DaRx-IncomingConnect-Ind 
LCB DA 


Indication of incoming connection 


Evnt-DaTx-LcbRx-PeerDescriptor-Notify 
DA LCB 


Notification of peer information 


Evnt-DaTx-LcbRx-ActivateTLS-Req 
DA LCB 


TLS negotiation request 


Evnt-LcbTx-DaRx-ActivateTLS-Ans 
LCB DA 


TLS negotiation answer 


Evnt-DaTx-LcbRx-Disconn-Req 
DA LCB 


Connection-release request 


Evnt-LcbTx-DaRx-Disconn-Ans 
LCB DA 


Connection-release answer 


Evnt-LcbTx-DaRx-DisconnFromPeer-Ind 
LCB DA 


Indication of connection-release by peer 


Evnt-DaTx-LcbRx-TxMsg-Req 
DA LCB 


Diameter message transmit request 


Evnt-LcbTx-DaRx-TxMsgFailure-Ind 
LCB DA 


Failure indication of message transmit 


Evnt-LcbTx-DaRx-RxMsg-Ind 
LCB DA 


Indication of message arrival 



DA : Diameter Application 



Besides external interfaces with Diameter application, internal interfaces be- 
tween LCB server main and LCB server instance also exists. Those interfaces are 
extension of external interface and deal with data transmission, data reception 
and connection handling. But we will not explain internal interfaces in detail in 
this paper. Fig. 4 shows transport layer structure that works as client mode. 

LCB client main accepts connection request from Diameter application and 
creates client instance to connect to destination host. LCB client has inter- 
faces with Diameter application same as LCB server except ‘Evnt-DaTx-LcbRx- 
PeerConnect-Req’ and ‘Evnt-LcbTx-DaRx-PeerConnect-Ans’ instead of ‘Evnt- 
LcbTx-DaRx-IncomingConnect-Ind’ and ‘Evnt-DaTx-LcbRx-PeerDescriptor-No 
tify’ respectively. 

Like LCB server main, internal interfaces between LCB client main and LCB 
client instance also exists. The roles of internal interfaces are same to those of 
LCB server main. 

5 Conclusion 

Transport protocol of Diameter provides secure and reliable transmission of Di- 
ameter messages between Diameter nodes. To provide reliable data transmission. 
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Connection Connection 

Request Request 




Fig. 4. Transport layer structure of Client mode 



both reliable transport protocol and transport layer application are responsible 
for data transmission. 

In this paper, we give analysis of transport layer application as well as trans- 
port protocol itself. Based on analysis, we propose design of transport layer 
structure. Proposed design concept is based on separation from Diameter ap- 
plication and this helps system management and lessen load to Diameter appli- 
cation. Also, proposed design can be adopted to TLS over TCP and TLS over 
SCTP including adoption without TLS. 
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Abstract. This paper proposes enhanced failover for Diameter-based 
AAA system. Diameter application layer watchdog algorithm enables 
failover from a server that has failed. SGTP heartbeat is used to perform 
failover between interfaces. This paper adopts both of them to provide 
efficient failover by inspecting state of connection with peer as well as 
state of Diameter application of peer. Proposed failover method that 
enables Diameter node to use alternative server as well as alternative 
communication path provides flexible and efficient failover to Diameter 
node. . . . 

1 Introduction 

Given that nature of the Diameter protocoip^ proving AAA service, it is recom- 
mended that transport failure be detected as soon as possible. Transport failure 
between Diameter nodes is caused by network breakage or failure of Diameter 
application functions on correspondent node. Fast detecting such failures will 
minimize the occurrence of message set to unavailable Diameter node, resulting 
in unnecessary delays, and will provide better failover performance. 

For failover. Diameter provides watchdog algorithmic that works on Diam- 
eter application layer. By exchanging watchdog messages with peer. Diameter 
node is able to find out transport failure such as network breakage or applica- 
tion failure on correspondent node and perform failover that enables to send 
messages to alternative Diameter node. In addition. Diameter deploys SGTPjC 
as transport protocol that provides distinct features comparing to TGPPj. SGTP 
HEARTBEAT chunk is used to periodically probe reachability of the idle desti- 
nation address. If it is multi-homed node meaning that multiple network interface 
cards with each assigned a different IP address are installed, it can use multi- 
homing feature that enables to send message to alternate path when primary 
path is inactive. 

This paper proposes enhanced failover using Diameter application layer 
failover and SGTP protocol layer failover simultaneously to provide effective 
failover in Diameter-based AAA system. 

The rest of paper is organized as follows. Section 2 briefs Diameter watchdog 
algorithm that is an application layer failover. SGTP heartbeat is described in 



J. Lee and C.-H. Kang (Eds.): CIC 2002, LNCS 2524, pp. 239-^3 2003. 
© Springer- Verlag Berlin Heidelberg 2003 



240 Sang Keun Yoo, Hyun Gon Kim, and Seung Won Sohn 



Table 1. Diameter watchdog message 



DWR :;= < Diameter Header : 280, REQ > 
{ Origin - Host } 

{ Origin - Realm } 

{ Origin - State - Id } 

DWA :;= < Diameter Header : 280 > 

{ Result - Code } 

{ Origin - Host } 

{ Origin - Realm } 

[ Error - Message ] 

* [ Failed - AVP ] 

{ Origin - State - Id } 



section 3 and section 4 gives enhanced failover in multi-homed environment using 
Diameter watchdog and SCTP heartbeat this paper proposes. The conclusion is 
given in section 5. 

2 Diameter Application Layer Failover 

By exchanging watchdog messages periodically with peer. Diameter node is able 
to detect transport failure. Diameter watchdog message is organized with Device- 
Watchdog-Request (DWR) and Device-Watchdog- Answer (DWA). Table 1 de- 
picts DWR and DWA. 

2.1 Watchdog Algorithm 

Diameter watchdog is appropriate for use with primary-secondary server and 
operates as follows: 

Watchdog behavior is controlled by a single timer (Tw). The default Tw is 
30 seconds. 

When any response is received from peer, Tw is reset. If the watchdog timer 
expires and no watchdog responses are pending, then a watchdog message is sent . 
On sending a watchdog request, if no watchdog responses are pending, then Tw 
is reset. 

If the watchdog timer expires and watchdog responses are pending, then 
failover is initiated. When failover is initiated, all messages in the pending mes- 
sage queue are sent to an alternate agent. 

The client must not close the primary connection until the primary’s watch- 
dog timer has expired at least twice without a response. Once the primary con- 
nection has failed, subsequent requests are sent to the alternate server until the 
watchdog timer in the primary connection is reset. 

While the connection is in the closed state, the AAA client must not attempt 
to send further watchdog messages on the connection. However, the AAA client 
continues to periodically attempt to reopen the connection. If the connection is 
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Fig. 1. Failover state machine 



successfully opened, then the watchdog message is sent. Once three watchdog 
messages have been sent and responded to, the connection is returned to service. 

2.2 Primary- Secondary Failover 

Fig. 1 depicts Diameter failover state machine. Failover procedures are performed 
on state machine such as Fig. 1. 

Within primary-secondary server configuration, the watchdog timer operates 
as follows: 

Assume that each client or agent is initially configured with a single primary 
agent or server, and one or more secondary connections. 

The watchdog mechanism is used to suspend and eventually close primary 
connections that are experiencing difficulties. It is also used to re-open and val- 
idate connections that have returned to health. 

Once a secondary is promoted to primary status, either on a temporary or 
permanent basis, the next server on the list of secondaries is promoted to fill the 
open secondary slot. 

The client or agent periodically attempts to re-open closed connections. Once 
a previously closed connection is brought online again, the lowest priority sec- 
ondary connection will be closed. 

3 Failure Detection and Recovery in SCPT 

While Diameter watchdog detours request messages to the alternate server as 
failover arising from network or Diameter application failure, SCTP sends mes- 
sages to alternate path to the same server if it is a multi-homed node (Fig. 3). 

Therefore, SCTP failover is that selects alternate communication path to the 
same server, if available, instead of alternate server. 

SCTP transport failure is raised from two types of failure as Diameter: 
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Fig. 2. Primary /secondary failover using watchdog 




Fig. 3. Path failure bewteen multi-homed endpoints 



— One or more destination address of the peer endpoints become unreachable. 

— The peer endpoint itself becomes unreachable. 

When an endpoint finds that its peer has become unreachable, it is impos- 
sible for the endpoint to make distinction between whether the failure is in the 
network or in the peer itself. A destination transport address is considered “idfe” 
if no chunk (DATA chunk, INIT chunk, COOKIE ECHO chunk, HEARTBEAT 
chunk) that can be used for updating the path RTT of the address has been sent 
to the address within the current heartbeat period. Therefore, endpoint period- 
ically sends HEARTBEAT chunk to those idle destination addresses in order to 
keep their reachability status updated. If destination address is considered “in- 
active(path failure}^' using HEARTBEAT chunk, endpoint changes destination 
address of all messages headed to inactive destination address. 
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Address-unreachability detection algorithm using HEARTBEATA chunk is 
as follows: 

— i : Destination address of a peer 

— Si : Reachability state of i 

— Ei : Error counter of i 

The endpoint will consider the destination address unreachable and mark it 
as inactive when the number of consecutive missed responses on that address 
exceeds the threshold set by the protocol parameter Path. Max. Retrans. 

1. Set Ei = 0 and Si = ACTIVE for all destination address of the peer when 
the association is started. 

2. Whenever retransmission timer expires on an outstanding DATA chunk sent 
to destination address i, and Si is not set to INACTIVE, set Ei = Ei + 1 
and, if Ei > Path. Max. Retrans, set Si = INACTIVE. 

3. Whenever a HEARTBEAT chunk is sent to an idle destination address i and 
Si is not set to INACTIVE, set Ei = Ei+1 and, if Ei > Path. Max. Retrans, 
set Si = INACTIVE. 

4. Whenever SACK that acknowledges a DATA chunk last sent to destination 
address i is received, reset Ei = 0 and, if Si is not to ACTIVE, set Si = 
ACTIVE. 

5. Whenever a HEARTBEAT-ACK is received in response to a HEARTBEAT 
last sent to destination address i, reset Ei = 0 and, if Si is not set to 
ACTIVE, set Si = ACTIVE. 

By using explained procedures above, SCTP can change its destinations ad- 
dress if any failure is detected on communication path. 



4 Enhanced Failover Using Application Layer Watchdog 
and SCTP Heartbeat 

As explained above. Diameter application layer watchdog enables Diameter 
server to send messages to alternate server when transport failure has detected 
whether it arises from network failure or application failure. 

But primary-secondary failover can be ineffective on network failure if Di- 
ameter node is multi-homed server. Also, SCTP heartbeat algorithm cannot 
guarantee failover when peer application is in failure-state or all destination ad- 
dresses are unreachable because SCTP failover is based on failure detection of 
communication path. Therefore, effective failover can be achieved when both Di- 
ameter application layer watchdog and SCTP heartbeat algorithm are adopted. 

In the Fig. 4, node A is a multi-homed server and is connected to both 
primary and secondary server with two network interfaces. In this case. Diameter 
watchdog can provide primary-secondary server failover and SCTP and provide 
primary-secondary path failover to given server, which gives reliable message 
transmission to Diameter node. 

Proposed failover can be described as follows: 
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Primary Server 




Secondary Server 

Fig. 4. Configuration for both Diameter and SCTP failover 



— i : Destination address of a peer 

— Si : Reachability state of i 

— Ei : Error counter of i 

— Tw : Watchdog timer 

1. Start Tw and set Ei = 0, Si = ACTIVE. 

2. When any response is received from i, Tw is reset. If Tw expires and no 
watchdog responses are pending, then DWR is sent. On sending a watchdog 
request, if no watchdog responses are pending, then Tw is reset. Whenever 
retransmission timer expires on an outstanding DATA chunk sent to desti- 
nation address i, and Si is not set to INACTIVE, set Ei = Ei + 1 and, if 
Ei > Path. Max. Retrans, set Si = INACTIVE. Failover process is initiated 
and alternated path to given server replaces inactive primary path. 
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3. Whenever SACK that acknowledges a DATA chunk last sent to destination 
address i is received, reset Ei = 0 and, if Si is not to ACTIVE, set Si = 
ACTIVE. 

4. If DWA in response to DWR is received, Tw is reset. 

5. Whenever a HEARTBEAT chunk is sent to an idle destination address i and 
Si is not set to INACTIVE, set Ei = Ei+1 and, if Ei > Path. Max. Retrans, 
set Si = INACTIVE. Failover process is initiated and alternated path to 
given server replaces inactive primary path. 

6. Whenever a HEARTBEAT-ACK is received in response to a HEARTBEAT 
last sent to destination address i, reset Ei = 0 and, if Si is not set to 
ACTIVE, set Si = ACTIVE. 

7. If the Tw expires and watchdog responses are pending, then failover is initi- 
ated. When failover is initiated, all messages in the pending message queue 
are sent to an alternate agent. 

In above description, SCTP failover is initiated ahead of Diameter failover. 
But Path. Max. Retrans, Tw and heartbeat-period can change the order of failover 
occurrence. Then following failover procedure can occur. 

1. Start Tw and set Ei = 0, Si = ACTIVE. 

2. When any response is received from i, Tw is reset. If Tw expires and no 
watchdog responses are pending, then DWR is sent. On sending a watchdog 
request, if no watchdog responses are pending, then Tw is reset. 

3. If the watchdog timer expires and watchdog responses are pending, then 
failover is initiated. When failover is initiated, all messages in the pending 
message queue are sent to an alternate agent. 

4. Whenever retransmission timer expires on an outstanding DATA chunk sent 
to destination address i, and Si is not set to INACTIVE, set Ei = Ei + I 
and, if Ei > Path. Max. Retrans, set Si = INACTIVE. Failover process is 
initiated and alternated path to given server replaces inactive primary path. 

5. Whenever SACK that acknowledges a DATA chunk last sent to destination 
address i is received, reset Ei = 0 and, if Si is not to ACTIVE, set Si = 
ACTIVE. 

6. If DWA in response to DWR is received, Tw is reset. 

7. Whenever a HEARTBEAT chunk is sent to an idle destination address i and 
Si is not set to INACTIVE, set Ei = Ei+1 and, if Ei > Path. Max. Retrans, 
set Si = INACTIVE. Failover process is initiated and alternated path to 
given server replaces inactive primary path. 

8. Whenever a HEARTBEAT-ACK is received in response to a HEARTBEAT 
last sent to destination address i, reset Ei = 0 and, if Si is not set to 
ACTIVE, set Si = ACTIVE. 

In the case that both Diameter watchdog and SCTP heartbeat are applied, 
it is recommended to adjust Tw and heartbeat-period adequately. Generally, 
Diameter recommends that Tw be set to 30 seconds. In this case, if heartbeat- 
period exceeds 30 seconds, it ensure both that alternate paths are still probed 
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by SCTP, while the primary path has a minimum of heartbeat redundancy. If 
heartbeat-period is less that 30 seconds, the number of HEARTBEAT chunk is 
increased but SCTP failover can be initiated ahead of Diameter failover. 

This means that failover is processed between primary and secondary path 
instead of primary and secondary server. Primary-secondary path failover can 
be more effective than primary-secondary server failover when transport failure 
arises from network failure. But, each timer and Path.Max.Retrans must be 
adjusted suitably according to characteristics of application. 

5 Conclusion 

To provide reliable and effective failover to Diameter node, this paper proposes 
enhanced failover that uses both Diameter application layer failover and SCTP 
heartbeat on multi-homed Diameter server that works on SCTP. By adjusting 
watchdog timer, heartbeat-period and max retransmission, failover can be con- 
figured to initiate primary-secondary server failover or primary-secondary path 
failover first. 

Proposed failover in this paper enables Diameter node to send messages to 
alternate server as well as alternated path when transport failure is experienced. 
Also, it has advantage that any additional load to Diameter application and 
SCTP is not burdened because failover is processed in application-layer and 
protocol-layer separately. 
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Abstract. DSR is appealing for ad hoc networks as a reactive routing protocol 
because of the lower routing overhead. However its performance is not ideal for 
the high dynamic ad hoc networks. As an optimization for the current DSR, a 
new adaptive routes selection scheme based on the stability of nodes was pro- 
posed in this article, considered joint hop-count and node stability. As shown 
with the simulations results, the enhanced-DSR has higher throughput and less 
end-to-end packets delay. 



1 Introduction 

An ad-hoc network [1], which is characterized hy a non-central administration net- 
work in which all nodes function as routers or user and self-organize to form a dy- 
namical network, is very suitable to various requirements and environments in wire- 
less telecommunication. However, there is a challenge to design a suitable routing 
scheme in such networks because the network topology changes frequently and un- 
predictably when the nodes are in moving state. And many routing schemes have 
been proposed for ad hoc networks. All the current routing protocols can be classified 
into two categories, proactive and reactive. The Dynamic Source Routing (DSR [2]), 
a typical reactive routing protocol, is appealing because of its lower routing overhead. 
But the performance of DSR is not ideal for such quickly mutable and unpredictable 
networks introduced by the mobility of nodes. 

Previous research [3] have concluded the performance of ad hoc networks is tight 
related to the mobility of nodes acting as routers, therefore those nodes with high 
stability are more suitable for providing higher quality and efficiency of relaying data 
packets. In this article, a novel stable adaptive optimization to the routing scheme of 
DSR is proposed to select more stable routes with using only the nodes’ history rec- 
ords. It uses joint nodes’ packets delivery records and routes’ hop count information 
as route selection criteria and does not bring any extra cost to the system. 

The performances of the enhanced-DSR, including packet delivering delay and 
network throughput, are simulated by GloMoSim [4]. Comparing with the current 
DSR protocol (presented by Internet Engineering Task Force), it is shown that the 
enhancement scheme will decrease the average packets delivering delay and improve 
the whole network throughput. 
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The article is organized as follows. In the next section, the current DSR protocol is 
briefly reviewed. In the third section, the enhanced-DSR scheme is described. In the 
fourth section, the simulation results and analysis are given. And the last section gives 
conclusion. 

2 DSR Protocol 

The Dynamic Source Routing protocol (DSR) is an efficient on-demand routing pro- 
tocol designed for use in multi-hop wireless ad hoc networks of mobile nodes. It only 
initiates a routing discovery process when the source node originates new data packets 
but has no route to the destination node, which will decrease the routing overhead 
than the proactive protocols. 

When some source node needs to dynamically find a new route to the destination 
node, it will send out route request (RREQ) packets. When the neighbor node re- 
ceives the RREQ, if it is just the destination of the route discovery or there is the route 
information in its Route Cache to the same destination node, it adds the route infor- 
mation in the route record of the RREQ and returns a route reply (RREP) packet to 
the initiate source node. When the initiator receives this RREP, it caches this route in 
its Route Cache for use in sending subsequent packets to this destination. Otherwise, 
if this node receiving the Route Request has recently seen another RREQ from the 
same initiator to the same destination, or if this node's own address is already listed in 
the route record in the Route Request, this node discards the Request. Otherwise, this 
node appends its own address to the route record of the RREQ and relay the RREQ. 

And each RREQ contains a "Hop Limit" that may be used to limit the number of 
intermediate nodes allowed to forward that RREQ. As the Request is forwarded, this 
limit is decremented, and the RREQ packet is discarded if the limit reaches zero be- 
fore finding the target. 

In DSR, the source node may get more than one routes of the same destination be- 
cause the destination node replies to all requests reached in a single request cycle. 
Then, the source node will set the shortest (in hop counts) route as the primary one to 
prepare for sending data packets. Obviously, the shortest route maybe is not the most 
stable route for the different mobility of the middle nodes. And the previous re- 
searches [3] have shown that the stability is a key factor to the performance of ad hoc 
networks. It could improve the system performance to select more stable routes with 
mostly same hop counts. So the stability should be an important character to be con- 
sidered in routes selection criterion. 

There have been some previous routing scheme studies on nodes stability, such as 
SSA (Signal Stability-Based Adaptive Routing protocol) [5]. In SSA, the nodes will 
send out a link layer beacon to its neighbors once every time quantum, and every host 
records the signal strength when receiving the beacon. Each node classifies its neigh- 
bor as strongly connected if the node has been receiving strong beacons from the 
neighbor for the past few clicks; otherwise the neighbor is classified as weak con- 
nected. In routing table there is an entry to store this information of nodes (strong 
connected or weak connected) for each route. Then the source node will select 
stronger connected route to deliver data packets. SSA does consider the stability of 
the nodes, but it requires node to send link beacons periodically, which brings extra 
load cost to network. 




A Stable Adaptive Optimization for DSR Protocol 249 



3 Enhanced-DSR Scheme 



Considering the influence of roufe stabilify to the network performance, a self- 
adaptive routes selection scheme optimizing for DSR is proposed to improve the 
system performance. In the optimized scheme, the nodes will choose more stable 
route when they send data packets. The packets successfully delivering numbers is 
used to measure the nodes’ stability and a parameter V is introduced as the routes 
selection criteria. The detail scheme is shown as below. 

• Every node has a delivering counter to takes number of how many data packets 
have been successfully delivered to its neighbor nodes. 

• The route-establishing scheme is based on conventional DSR scheme. The source 
nodes will broadcast a RREQ packet containing route record, when data packets 
need be sent but with no route to the destination. The middle nodes will relay the 
request and the destination node will reply the request to establish a route. The dif- 
ference is that when the middle node relays the routing request, the node appends 
both its own address and delivering counter value to the route record in the Route 
Request and then propagates it. 

• When nodes receive more then one routes replies (of the same destination), the 
nodes will calculate the V value of the route, defined as below: 



V, 



k-ij 



N-- 






N-l 



N- 



^ r=l 



the k* route from node i to node j; 

N: the hop count of the k“' route; 

W: weight value (changeable); 

D^: the delivering counter value of the r“’ middle node; 



( 1 ) 



• The route has smallest V value will be selected when sending data packets, and 
the routes have same V values will be selected randomly. 

D_^ is used to describe the stability of a node; value is smaller means that this 
route is shorter and more stable. So the packets success delivering ratio and delivering 
delay performances of the optimized scheme will be improved for tending to choose 
these more stable routes. The routes selection criteria parameter V uses jointed routes’ 
hop count and nodes’ stability history information, which brings less extra cost to 
network. 

In enhanced-DSR, the routing scheme is adaptive to the stability of networks. If the 
nodes in a sub-area all are in high mobility, the routes will be selected mainly ac- 
cording to the hop counts, just similar as the current DSR, and the data traffic will 
spread in this sub-area of the network. If some nodes are more stable than their neigh- 
bor nodes, the data stream will partly concentrate into these nodes through higher 
quality routes. 
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4 Simulations 

In order to evaluate the benefits of the new scheme, we compared the performance of 
enhanced-DSR and the conventional DSR protocols with GloMoSim, which is devel- 
oped by USLA. 

In this study, it assumes that nodes are placed uniform within the physical terrain 
area divided into a number of cells (based on the number of nodes in the simulation), 
and a node is placed randomly within each cell. And the simulating parameters in 
GloMoSim are set as below [6]. 

• Propagation-Path-Loss is set as two-ray model; 

• Radio bandwidth is set as 20Mbps; 

• RADIO-RX-SNR-THRESHOLD is set as 21.0dB. It could receive the signal with- 
out error if the SNR at receiver is more than 21.0dB. 

• Traffic sources are continuous bit rate (CBR), which is 50 items to send for every 
source node, 512 bits per item, and the inter-departure time between the items is 
le-5s. The source-destination pairs are spread randomly over the networks. 

In simulations, two typical environments are defined. 

• Indoors model: there are 90 nodes in a 300m*200m area (high nodes density). All 
nodes’ average moving speed is 0~2m/s. The data traffic is busy. Nodes’ transmis- 
sion power is OdBm. 

• Outdoors model: there are 99 nodes in a 1500m* 1000m area (low nodes density). 
The nodes’ average moving speed is 8~15m/s. The average data traffic per node is 
not busy. Nodes’ transmission power is 15dBm. 

Two performance metrics are evaluated, average end-to-end delay [7] and system 
throughput. 

In simulations, the pause time after each node moves to its new location is changed 
form 1 second to 1500 second. The nodes are in high mobility when the pause time is 
1 s. But when the pause time is as same as simulation time, the nodes can be consid- 
ered as fixed. 

As shown in Fig. 1, in the simulation of all models, enhanced-DSR presents much 
higher throughput and lower packets delay than conventional DSR protocol. In the 
indoor model, the throughput is increased 51% and the average packets delivering 
delay is decreased 67%. In the outdoor model sense, it is increased 10% in system 
throughput and decreased 17% in packets delay. 



5 Conclusion 

A new stable adaptive enhanced-DSR protocol is proposed in this article, jointly con- 
sidered the hop-count and routes stable as the routes selection criteria. The optimiza- 
tion brings less extra routing overhead to the network with using the nodes history 
transmission information to measure the nodes stability. The simulation results show 
the enhanced-DSR has much less average packets delivering delay and better 
throughput performance than conventional DSR protocols. 
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delay{s) vs. mobHHy (300*^00) 




throughput(Mb/s) vs. mobility (300*200) 




Fig. 1. Enhanced-DSR and DSR performances comparison 
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deiayis) vs. mobility (1500*1000) 




throughput(Mb/s) vs. mobile (1500*1000) 




Fig. 1. (Continued) 
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Abstract. In this paper, an enhanced soft handoff algorithm is proposed 
to improve system capacity for multi-rate DS-CDMA cellular systems. 
In the algorithm, we first propose a load-based power allocation scheme 
for serving soft handoff users in the forward link; we next develop two 
kinds of active set determination mechanism: a quality-based active set 
control (QBASC) scheme and fuzzy active set control (FASC) scheme, 
to re-select active set members so as to not only save system resource 
but also maintain required signal quality. Simulation results show that 
the proposed enhanced soft handoff algorithms can successfully achieve 
load balancing between cells. Compared to the conventional soft handoff 
algorithm, QBASC and FASC schemes can enhance 71.43% and 85.71% 
system capacity in the multirate DS-CDMA cellular system with hot- 
spot, respectively. 



1 Introduction 

Soft handoff (SHO) is one of the most important features in DS-CDMA cellular 
mobile communication systems. When mobile stations move from one cell to an- 
other cell, in order to maintain a seamless connection, the home base station and 
the target base stations (all members in the active set) will serve the mobile sta- 
tions simultaneously, during soft handoff process. The SHO technique provides 
better signal quality for users in the cell boundary, but the downlink interference 
is increased since there are more than one base stations serving the soft handoff 
mobile station. This situation becomes more severe when soft handoff users are 
with multirate services which usually cost much system resources to satisfy the 
required signal quality. Thus, high interference is induced on other users in the 
cellular systems. 

In the conventional soft handoff algorithms ra-0, the active set determina- 
tion schemes are based on only the received signal strength, and the condition 
of system resource is not taken into account. When one base station owns less 
remaining system resource, it still has to serve the soft handoff users, as the other 
base station in the active set. Therefore, an efficient method to decide members 
of the active set, considering the load balancing between cells, is necessary. 

In this paper, we propose an enhanced soft handoff algorithm for multirate 
CDMA cellular systems. Reference ^ discussed about power control and rate 
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management for multi-rate services, however, no multi-rate soft handoff tech- 
nique was studied. In order to solve the serious power exhausting problem that 
is induced from using conventional equal power allocation for soft handoff users 
0, a load-based power allocation scheme is first designed, which is inversely 
proportional to the cell load, for soft handoff users in the forward link. Fur- 
thermore, two kinds of active set determination mechanisms: a quality-based 
active set control (QBASC) and fuzzy active set control (FASC), are developed 
to re-select active set members so as not only to save system resource but also 
maintain required signal quality. 

The rest of the paper is organized as follows. The enhanced soft handoff 
algorithm for multirate soft handoff, containing the load-based power allocation 
scheme, the quality -based active set control, and the fuzzy active set control, is 
described in section II. Simulation results are presented and discussed in section 
III. Section IV provides concluding remarks. 



2 Enhanced Soft Handoff Algorithm 



The received bit-energy-to-interference ratio (Et/Io), denoted by jij 
pressed as 



Vj- = 






■Nr. 



\ * 
> 77 ^ 



is ex- 



( 1 ) 



where Gj = W/Rj is the processing gain of user j with transmission rate Rj, 
Qij is the allocated downlink power from the base station i to user j, Lij is 
the link gain between cell i and mobile station j, 9m, i total 

downlink transmission power in cell m, Ng is the background noise, and 7* is 
the required Eb/Io for user j. For a soft handoff user, we use maximum ratio 
combining technique (MRC) to combine signals from all the serving base stations 
in the active set [ 5 ]. The received E^/Io for the soft handoff user h is the sum 
of Eb/Io for all the communication links from base stations of its active set D, 
denoted by 7_D,/t, and can be expressed as 



= ( 2 ) 

ieD 

In the following, we introduce the enhanced soft handoff algorithm that con- 
tains the load-based power allocation scheme and two active set determination 
control schemes: QBASC and FASC. 



2.1 Load-Based Power Allocation Scheme 

In order to achieve load balancing among cells in the active set whenever soft 
handoff, the power allocation algorithm for soft handoff should be based on the 
system load. The load-based power allocation scheme for soft handoff is inversely 
proportional to the system loads of its serving base stations. The concept is 
modified from the link gain based scheme proposed in jSj. The detailed algorithm 
is described as follows. 
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— [Step 1]: Initialize the required transmission power qh(ji), n = 0, for soft 
handoff user h to be the summation of the maximum allocation power, qms, 
of all serving base stations. Note that qms is constant for the base stations 
in the homogeneous cellular systems; the active set size is M . 



qh{n) = M X qms, and n = 0. 



( 3 ) 



— [Step 2]: Calculate the current downlink loading factor of cell i, r/i, i £ D. 
The rji is defined as the ratio of its current total transmission power, Pi{n), 
to its maximum transmission power budget, Pbs'- 



Vt = 



Pbs 



( 4 ) 



— [Step 3]: Set weighting factor of the allocation power from base station i in 
D for serving soft handoff user h, based on the system load of cell i. The 
weighting factor is defined as: 



Wi^h 






( 5 ) 



— [Step 4]: Allocate power, qi^h{n), to the soft handoff user h from serving base 
station i in the active set D at iteration time n. 



q 2 ,h{n) = Min{ qh{n) x Wi^h, Pms }, V i G 



(6) 



— [Step 5]: Calculate the corresponding 7 _D,/i(n)at iteration time n based on 
(2), and set the tuning factor ph{n). 



Ph{n) = 



Ih 



lD,h{n) ' 



( 7 ) 



— [Step 6]: Check Stop Criterion 

IF ( ph{n) yf I.O and quin) yf g/i(0) ) 

qh{n+ 1) = Ph{n) x qh{n) 

GOTO Step 4. 

ELSE DONE. 



( 8 ) 



2.2 Quality-Based Active Set Control (QBASC) Scheme 

The active set D is originally determined by pilot channel quality; it is usually 
adopted in the conventional soft handoff algorithm [1,2]. The quality-based active 
set control (QBASC) scheme decomposes D into subsets and Dj^ C D, when 
each subset contains the home base station of the soft handoff user and at 
least one other target base station. If the original active set D has M members, 
M > 2, then the total number of subsets K is equal to — 1. Then the 
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QBASC scheme determines the effective active set for soft handoff h, denoted 
by Dh, so that the power allocation is minimum and the required signal quality 
is maintained. 

Assume that all serving base stations in D^. allocate maximum allocation 
power 5ms to soft handoff user h. Hence, we can estimate the received signal 
quality jDk,h of soft handoff user h for each subset Dk- Based on the corre- 
sponding estimated { ')Ok,h }, selects the subset Dh as the active set for soft 
handoff h as follows: 

— [Step 1]: From all the subsets { }, 1 < fc < AT, find the subsets { } that 

satisfy jDk,h > 7^ 



{D.} = {D,-, > ll }• (9) 

— [Step 2]: Determine the subsets { } that with the minimum active set 

size among the subsets {D^}. 

— [Step 3]: Among the subsets { }, choose the subset that with maxi- 

mum 



{Dh} = ( 10 ) 

2.3 Fuzzy Active Set Control (FASC) Scheme 

QBASC cannot reflect the situation of system resource completely. In the fol- 
lowing, we further propose to adopt fuzzy logic technique 0 to take system 
resource parameters into account for active set control. As shown in Fig. 1, the 
fuzzy active set control (FASC) contains two function blocks. One is fuzzy active 
set cost estimator (FASCE) and the other is decision maker. In order to indi- 
cate how much costs of the active set to serve a soft handoff user, FASCE is to 
estimate the corresponding cost for serving a handoff call, and the inputs to the 
FASC are subsets { } as described in QBASC scheme, in which each subset 

satisfies the required signal quality, The output of FASCE is 

the cost of each subset in { }, and then the decision maker will choose the 

subset Dfi with minimum cost as the output active set. The details of FASCE is 
described below. 

Assume that user h is in the soft handoff process, subset has Z members, 
and ’z’ is to represent the member. The input linguistic variables of the FASCE 
includes (i) the link quality between soft handoff user h and each member 
z in the subset where 1 < z < Z; and (ii) the remaining cell load of each 
member z in the subset D^. The Oz is defined as 

Oz = l - rjz - Ar]z,h, ( 11 ) 

where r/z is the cell z’s load, and the Ar/z^h is the increased load of cell z if 
accepts the handoff user h. Ar]z,h is given as qz,h/Pbs, where qz,h is the required 
allocation power to soft handoff user h by base station z. 



258 Chao Chi Chen, Ching Yu Liao, and Chung Ju Chang 




Fig. 1. Fuzzy active set controller(FASC) 



FASCE calculates the cost for each member z of the subset . The output 
of FASCE is the average cost C{Dz) of the set Dz, where C{Dz) is defined as: 

C{Dz) = (^ 2 ) 

The term set of Lz^h is defined as Ti = {Bad, Normal, Good} = {Bd, Nm, Gd} 
and the term set of Oz is defined as Tq = {Low, Medium, High} = {Lo, Me, Hi}. 
The membership functions for T{Lz^h) and T{Oz) are defined as M{Lz.h) = 
and M{Oz) = {iiLo, As shown in Fig. □ they are 

given by 



MBd(^z,h) 




(13) 




= f{L^^h;Nrnc,Nm^o,Nrn^i); 


(14) 


fJ'GdiLz.h) 


— Gdej Gdtjiaxj Gduj .,0^ ^ 


(15) 




— Q^Gz-i LOmin-! 0, Z/O-u?), 


(16) 


fJ'Me{Oz) 


= f{Oz]Mec,Me^o,Me^i)] 


(17) 




— diG zi HijYidx: Hiyj ^ 


(18) 



where f{x; Xq, Oq, Oi) and g(x; Xq, Xi, Oq, Oi) are triangular and trapezoidal func- 
tions, respectively. The Xq in /(•) is the center of the triangular function; Xq(xi) 
in g(-) is the left(right) edge of the trapezoidal function; and ao(ai) is the 
left(right) width of the triangular or the trapezoidal function. 
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Table 1. The rule structure for the fuzzy active set cost estimator 



Rule L 


O 


G 


1 


Bd 


Lo 


CvL 


2 


Bd 


Me 


Gl 


3 


Bd 


Hi 


Cm 


4 


Nm 


Lo 


Cl 


5 


Nm 


Me 


Cm 


6 


Nm 


Hi 


Cs 


7 


Gd 


Lo 


Cm 


8 


Gd 


Me 


Cvs 


9 


Gd 


Hi 


Cvs 



We define the output linguistic variable as the cost for the cell z. The term 
set of Cz is defined as Tc ={Very Large, Large, Medium, Small, Very Small} 
= {Gvl,CltCm, Cs, Cvs}- As shown in Fig. El (c), the membership function of 
Cz is set as hI{Cz') b ^ ^ ^ f^Cs f^Cvs^ ^ 



MCvb(C'z) = f(Gz;CvB,c,0,0); (19) 

t^CsiC.) = f{Cz;CB,c,0,0); (20) 

^iCMiCz) = /(C,;Cm.c,0,0); (21) 

^^CsiCz) = /(C,;Cs.c,0,0); (22) 

y^CvsiGz) = f{Cz',Cvs,c,^^^)- (23) 



We heuristically set Cvl=Q, C'l=7, Cm=^, Cs=S and Cvs=^ to reflect different 
degrees of the cost. The rule structure is shown in Table 1. 

The proposed FASCE adopts the min-max inference method for the inference 
engine. The FASCE uses the center of area de-fuzzification method for the de- 
fuzzifier because of its simplicity in computation. This defuzzification method 
obtains the estimated cost Cz by combining w{Cvl), w{Cl), w{Cm), w{Cs), 
and w{Cvs) as: 

C — ^ CvL + w{Cl) Cl + w{Cm) x Cm + w{Cs) x Cs + w{Cys) x Cys 

w(Cvl) + w{Cl) + w(Cm) + w{Cs) -f w{Cvs) 

(24) 

3 Simulation Results and Discussion 

3.1 Simulation Model 

We consider the cellular system that consists of 19 cells with radius 800 meters. 
In the propagation model, we only consider the effect of path loss and long-term 
shadowing. For the path loss model, we adopt Okumura-Hata model |7|- The 
path loss L(dB) is expressed as: 

L{dB) = 28.61 -k 44.49 * log(/c) - 4.78(log(/c))^ - 13.82 * log(/ib) (25) 

-a{hm) + (44.9 - 6.55 * log(/i&)) * log(d), (26) 
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(c) 



Fig. 2. The membership functions of the term set (a) T(L) (b) T(0) (c) T(C) 



and 

a(/i„) = (1.1 * logifc) - 0.7)hm - (1.56 * log(/c) - 0.8)(dB), (27) 

where fc is the operating frequency (2140MHz), hb is the effective antenna height 
of the base station (30m), hm is the antenna height of the mobile station (1.5m), 
and d is the distance between the mobile station and base station. The corre- 
lated shadowing model and the mobility model are according to the vehicular 
environment described in UTRA documents 0. The initial standard deviation 
of shadowing is 8 dB, the de-correlation distance is 5 meters, the user speed is 10 
km/hr. The other system parameters are as follows: chip rate = 3.84 Mc/s, re- 
quired Eb/Nf) = 5(1.5) dB for voice(144k data) [8], maximum transmission power 
of base station = 20 watt, and maximum allocated power to mobile station = 1 
watt. And assume the required average outage probability equals to 0.1. 

3.2 Discussion 

In this section, we show the performance comparison among the conventional 
SHO, QBASC, and FASC, from the aspects of the system capacity, system power 
consumption, and power variance. For FASC, parameters of its membership 
functions given in (13)-(18) are designed as follows: Bde = -110.57dB, Nrric 
= -105.36dB, Gde = -100.36dB, and Bdw = Nm^o = 5.21dB, Nm^o = Gdw 
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Capacity (users) 



Fig. 3. Averaged Outage probability versus capacity in the homogeneous system (all 
voice users in each cell) 



= 5dB for fiBd{Lz,h), and fJ,Gd{Lz,h); Loe = 0.2, Mcc = 0.4, Hie = 

0.5, and Lo^ = Me^o = 0.2, Me^i = Hi^ = 0.1 for fJ,Lo{Oz), fJ.Me{Oz) and 

Figure 3 shows the averaged outage probability performance in the homo- 
geneous cellular system, in which all users are with voice service. We can find 
that both QBASC and FASC schemes outperform the conventional SHO scheme 
by 22.22% and 25.93% capacity gain, respectively. The benefits come from the 
proposed schemes can balance traffic load between cells by load-based power 
allocation scheme and hence reduce interference to others. Also, FASC scheme 
has small improvement over QBASC scheme in terms of capacity gain because 
of the uniform loading between cells in homogeneous cellular systems. 

In the following, we further study the cellular system with hot-spot in the 
central cell. Figure 4 and Figure 5 show the averaged outage probability per- 
formance in the cellular system with hot-spot cell. Assume users in surrounding 
cells of the hot-spot cell are fixed to 20 and the users in hot-spot cell are in- 
creased from 20 to 80. That is, the loading ratio between surrounding cell and 
hot-spot cell are from 1 to 4 times. 

Figure 4 is the case that all the users are with voice service. For the example 
that the loading ratio is 3 times, the QBASC scheme can have 71.43% capacity 
gain in hot spot cell, and the FASC scheme can further increase system capacity 
up to 79.76%, compared to the QBASC scheme. Figure 5 is the case that there are 
2 data users in each cell. Since data users usually cost more power resource and 
easily cause the system load unbalance. Thus, we can find that the overall system 
capacity is down graded. However, the proposed QBASC and FASC schemes can 



262 Chao Chi Chen, Ching Yu Liao, and Chung Ju Chang 




Fig. 4. Averaged outage probability versus hot-spot cell capacity (all voice users) 




Fig. 5. Averaged outage probability versus hot-spot cell capacity (2 data users in each 
cell) 



still improve the system capacity by 71.43 % and 85.71 %, respectively, over the 
conventional SHO scheme. On the other hand, the FASC scheme achieves higher 
system capacity than the QBASC scheme by 14 %. 

From the preceding observation, we can find that FASC outperforms than 
QASC. This is because the FASC scheme takes cell loading and link quality into 
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Fig. 6. Averaged total power consumption versus hot-spot cell capacity (2 data users 
in each cell) 




Fig. 7. Mean and variance of the total transmission power for the cells under hotspot 
loading ratio from 1 to 4 times. (2 data users in each cell) 



account simultaneously so that the selected active set is the one with better link 
quality and lighter cell loading. Thus, the FASC scheme can reduce averaged 
total power consumption effectively. Figure 6 shows the averaged total power 
consumption versus hot-spot capacity. It can be seen that the FASC scheme is 
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the best one to select the active set to serve soft handoff users. This result can 
justify the phenomena observed in Figure 4 and 5 in the meantime. 

Figure 7 also presents the power variance in the cellular system with hot-spot 
under different loading ratio. We observe that the power variance of QBASC and 
FASC schemes are much lower than that of the conventional SHO in most cases. 
When the load becomes unbalanced, the power variance increases slightly in 
both schemes. Note that the low variance value of the proposed schemes means 
that they can effectively balance load between cells. 

4 Conclusion 

In the paper, we propose an enhanced soft handoff algorithm for multirate DS- 
CDMA cellular systems. In order to achieve the goal of the load balancing be- 
tween cells, we first present a load-based soft handoff power allocation algorithm, 
and next we design two kinds of efficient active set determination techniques to 
re-select active set members. The one is quality based active set control (QBASC) 
algorithm, the other one is the fuzzy active set control (FASC) algorithm. Sim- 
ulation results show that the enhanced soft handoff algorithms can successfully 
achieve load balance and increase the total system capacity. Compared to the 
conventional soft handoff algorithm, QBASC and FASC schemes have 71.43% 
and 85.71% capacity gain in the multi-rate CDMA cellular system with hot-spot, 
respectively. 

Acknowledgement 

This work was support by the Lee and MTI center for networking research at 
NCTU and National Science Council, Taiwan, R.O.C. under the contract number 
91-2219-E-009-006. 

References 

1. 3rd Generation Partnership Project, Technical Specification Group RAN, Working 
Group 2 (WG2), “RF System Scenarios,” 3G TR 25.942, December 1999. 

2. “Selection procedures for the choice of radio transmission technologies of UMTS,” 
ETSI UMTS 30.03, version 3.1.0, TR 101 112. 

3. H. Holma, A. Toskala, “WGDMA for UMTS: Radio Access For Third Generation 
Mobile Communicaitons,” John-Wiley, 2000. 

4. C. W. Sung, W. S. Wong, ’’Power control and rate management for wireless multi- 
media CDMA systems,” IEEE Trans. Commun. vol. 49, no. 7, pp. 1215-1226, July 
2001 . 

5. L. C. Wang, C. Y. Liao, and C. J. Chang, “Downlink Soft Handover and Power 
Allocation for CDMA Heterogeneous Cellular Networks,” to appear IEEE Global 
communi. Conference, GEN-07-7, Taipei, 2002. 

6. R. R. Yager, and L. A. Zadeh, “An introduction to fuzzy logic applications intelligent 
systems,” Kluwer Academic Publishers, 1992. 

7. ITU, “Prediction methods for the terrestrial land mobile service in the VHF and 
UHF bands,” ITU—R Recommendation, P529-2, pp. 5-7, 1995. 




Large Deviation Theory Approach for Connection 
Admission Control in Multi-cell CDMA Systems 
with Smart Antennas 



Yeong M. Jang 

School of Electrical Enginering, Kookmin University Seoul 136-702, Korea 



Abstract. This paper presents an large deviation theory approach of the CDMA 
uplink capacity with smart antennas. Traditionally, the capacity of a system is 
determined by outage probability. In our analysis, we introduce a transient 
capacity analysis based on On-Off traffic model for multi-cell CDMA systems 
with smart antennas at the base station. We derive the transient outage 
probability as the quality of service (QoS) measure using the fluid-flow model, 
central limit approximation, and chernoff bound. Based on the outage measures, 
we compare transient outage performance against steady-state outage 
performance. Numerical results show that the predictive (transient) CAC is a 
promising approach for the multi-cell network. 



1 Introduction 

The performance and capacity of mobile communi-cation systems are limited by 
characteristics of wireless radio channels - cochannel interference, path loss, multi- 
path fading, delay spread, doppler shift, shadow effect and so on. In the pursuit of 
schemes that will solve these problems, attention has recently turned to smart antenna 
techniques. Smart antenna systems with an array of antenna elements only receive the 
signal from the desired user's direction and greatly reduce cellular interference levels 
from the others by adjusting the gain and phase of signals from each antenna element. 
Hence, this can improve the performance of the wireless system and increase the 
channel capacity of base stations. 

A digital cellular system based on CDMA must contend with not only interference 
from neighboring cell users, but also interference from other users in the given cell. In 
addition, the system engineering design is based on managing these interferences to 
achieve maximum capacity. The number of simultaneous users occupying a base 
station must be limited to satisfy the QoS requirement. A stringent limit on the 
number of simultaneous users is determined by the total interference created by the 
admitted users exceeding a threshold of the QoS. CAC thus play an important role in 
a CDMA system because it directly controls the number of users by accepting or 
rejecting users. To achieve both efficient utilization of the radio channel resources and 
acceptable QoS for all traffic, intelligent radio resource management (RRM) protocols 
that incorporate CAC must be provided to ensure QoS objectives. In this paper, 
outage probability at the uplink is chosen as the QoS measure. 

For traffic modeled as a superposition of On-Off sources, many approaches to 
evaluate the outage probability have been proposed [1-3]. The most attractive 
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approach, because of its mathematical simplicity and tractability, approximates the 
actual arrival process to the buffer by a continuous fluid-flow model [4]. Thus, we 
propose a predictive/transient scheme that incorporates the ability to predict the future 
outage behavior and makes a control decision that prevents outage rather than reacts 
to outage that has already occurred. We estimate the state of the reference cell in 
which a new connection admission request is made in addition to the state of its 
adjacent cells at time t after the connection admission at time 0 [7]. 

In this paper, we focus on the performance evaluation of a transient bufferless 
fluid-flow model, central limit approximation, and Chernoff bound approach. We 
obtain the capacity of the smart antennas system determined by the number of 
admissible users for a given outage probability. In the next section, we analyze the 
capacity of CDMA systems with smart antennas in the uplink. In Section III, we 
derive the transient outage probability based on the fluid-flow model, central limit 
approximation, and Chernoff bound. In Section IV, we present the numerical results 
for CAC. Finally, Section V contains concluding remarks. 



2 Capacity Analysis of Smart Antennas 

2.1 Static Capacity Analysis of Smart Antennas 

Smart antennas use an array of low gain antenna elements which are connected by a 
combining network. In general, the array may consist of a number of antenna 
elements distributed in any desired pattern. However, the array is frequently 
implemented as a linear equally spaced (LES), or a uniformly spaced planar array of 
similar co-polarized low gain elements which are oriented in the same direction. We 
consider a simple M-element LES antenna array oriented along the x-axis, with an 
element spacing of Ajr = /l/2. To characterize the radio channel for an array-based 
receiver, a vector channel impulse response is used [5]. Let us consider the static case 
in which each user moves very slowly relative to the adaptation rate of the system and 
the Doppler shift is not significant. The received signal vector for user k is given by 

4-1 

!=0 

where S|^(t) is a transmitted signal. are the complex amplitude, path delay, 

and direction of arrival of multi-path component for user k , respectively. a(d ^ , ) is 

called a steering vector, which describes the phase of the signal available at each 
antenna element relative to the phase of the signal at the reference element. While it is 
possible to analyze the general case of a multi-finger RAKE receiver, with multi- 
path components for user k , for simplicity we consider the case in which each 
subscriber in the system contributes a single component (i.e. no multi-path) to the 
base station under consideration. 

In a CDMA system, a critical parameter to measure link performance is the Signal- 
to-Interference-and-Noise-Ratio (SINR). We assume that there are N users, 
including the desired user in the same sector, each of which is power controlled to a 
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level S (let us assume perfect power control). The total interference power from 
adjacent sectors and other cells is denoted by =fNS. The SINR at the output of the 
despreader for the desired user is 



Eh Rp 

SINR=(-^),,y-E 



MS 

vGi {M){N - 1)5 + vGi {M)fNS+ N^W 



(2) 



where v is the static voice activity factor, Gi(M) is the interference gain given in 
Table 5-9 [5], stands for the background thermal noise spectral density, 
/ represents the other cells’ interferences as a fraction of the interference from the 
reference cell. 

Let Gp be the processing gain (W I Rp), Whs the spreading bandwidth, Rp be 

the transmission rate. From (2), the maximum number of connections, which may be 
supported within any particular cell can be expressed as 

1 mg NqW 

/ vG,.(M)(l + /)(£,//J„^ vG,(M)(l + /)5 ^ ^ 



2.2 Transient Capacity Analysis of Smart Antennas 

Although the traffic characteristics of cellular CDMA networks are hard to predict, 
there are a number of voice and video models reported as On-Off source models [6] . 
We assume that a series of ATM cells arrive in the form of a continuous stream of bits 
and use a fluid model. We also assume that the “OFF” and “ON” rate from ON to 
OFF is ji , and from OFF to ON is 77 . Hence, the average length of the “ON” and 
“OFF” periods is \! ji and Xlrj respectively. In this traffic model, when a source is 
“ON”, it generates ATM cells with a constant inter-arrival time, H Rp sec/bit. When 

the source “OFF”, it does not generate any cells. We assume that each of the N 
sources has the same traffic parameters ji , T] and Rp , which will characterize each 

traffic source [7]. 

By restricting transmission to “ON” periods, a general level of interference may be 
reduced. Thus, the capacity increases with a transient voice active factor ( p{t ) , q(t ) ), 
instead of with a static voice active factor, v . To derive p(t) and q(t ) , we can use the 
forward Chapman Kolmogorov matrix differential equation [8] 
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<?(0 =^ll(0 = 



7] + jU T] + JU 



( 6 ) 



where p(t) is the transition probability that a source is active at future time t, given 
the source is idle at time 0. q(t) is the transition probability that a source is active at 
future time t, given the source is active at time 0. Then the SINR on the reverse link 
for any desired user becomes the random variable 

SINR=(^) = Ml ( 7 ) 

where we assume that the power of the reference mobile is initially “ON” at time 0 
and still “ON” at time t. We compute the reference cell interference power N-1 
connections in the reference cell. We also compute the other cell interference power 
by assuming that there are N connections in each other cell with the number of 
active connections at time 0, i . 

From (7), the maximum number of simultaneous users (connections), , which 
may be supported within any particular cell can be expressed as 

^ 1 ^ ^ NgW 



where / /^ ) is a required target value and > i . 



3 Transient Outage Probability 

3.1 Fluid-Flow Model 

To obtain the outage probability as a function of , we will use a bufferless fluid- 
flow model. Let us consider a bufferless queuing system fed by N On-Off fluid 
stochastic processes, where the state of the arrival process represents the arrival rate 
of workload (power or traffic) to the system, that is, the amount of workload that 
arrives per time unit. When the arrival process is in a given state, the arrival rate is 
constant. 

We will use a statistical bufferless fluid-flow model to predict the probability that 
outage occurs at time, t, based on the traffic statistical behavior at time 0. 
Equivalently, we can express the capacity of the CDMA uplink as the maximum 
number if simultaneously active connections, - 1 , can be supported on the 

uplink of CDMA. Let A (f) denote the aggregate arrival rate from Y(t) active 
connections. According to the fluid-flow model, outages occurs at time, t, when 
Aft) exceeds the link capacity. Since we are interested in transient outage 
performance, a formula involving the backward Champman Kolmogorov equations of 
the process is used (see Fig. 1). The number of active connections forms a birth-death 
process, with birth and death rates that depend on the state of the process 
rjf,={N- k)7] and fii^=kju. 

The transitions among states are expressed as a set of differential equations 
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Nonnal states 



Oitane states 



Fig. 1. State transition rate diagram. 






dm 

dt 



={N-k+\)if^^_mviN-k)t]+kij\p,^(t)m+^Wkm 



dPAt) 

dt 



= 7?Pa,_i(0-VU^AtW- 



(9) 



We recognize the above equations as the backward Champman Kolmogorov 
equations. In matrix form, they can be written as 



dP (0 

dt 



= AP (0 



( 10 ) 



where P(r) is the column vector (Pq( 0> Pi Pn^))^ ■ PpP represents the 

probability of having k active sources in the reference cell at time t. A is an 
(A+l)x(A+l) matrix [7]. Thus, we can find the conditional state probability, p{t), by 
using the eigenvalues and eigenvectors of matrix A . 

In our model, we obtain the outage probability of the reference radio cell which 
can support up to -1 connections. The conditional transient outage probability 
is then given by 

N 

P,„{t) = P{BEI^m^ \Ym=P{m>N^,fip |T(0))= (11) 



where A(0 = kR^ denotes the aggregate arrival rate of the k active connections at 

* 

time t. Let N be the optimal number of connections that can be supported in a cell 
such that the probability of outage (i.e. the number of simultaneously bursting 
connections) exceeds - 1 with probability less than the QoS requirement 

(QoSqu^). For CAC, the optimal number of connections, N , will be computed as 
follows 

N 

N* = max{ A|P„„,(r) = '^Pti.t) < QoS„„, }. 



(12) 
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3.2 Central Limit Approximation 



An essential part of the work when solving fluid-flow models is devoted to finding 
eigenvalues and eigenvectors. It is very important that the decision to accept or reject 
connections is made in real time. To do this, we need a simple and approximated 
CAC scheme. Let us assume that the conditional aggregate traffic rate has a Gaussian 
distribution. According to the fluid-flow model, outage occurs at time t when A(t) 
exceeds the uplink capacity . In consideration of each of N existing 

connections, given by an arbitrary initial condition Y(0) = i, we obtain the 
conditional moment generating function of A(t ) , s>0 

Thus, the conditional mean arrival rate is 

A(f) = Ga(,)|f(0) (0) = ■ 

Furthermore, the conditional variance of arrival rate is 

rt (t) = (0) - (0)] 

= Rim- i)pm - Pit)) + iqrni - gm. 

By the central limit theorem, A(t) is approximated by a normal random process with 
conditional mean and variance 

Ht) = NiA{t),a\t)). (16) 



(13) 

(14) 

(15) 



With the established traffic model, (f ) may now be easily computed from the tail 

of the normal distribution. Given a specific QoS requirement, (t) < QoSquj , where 
QoS^m is a small number such as 10'^ , the QoS requirement is met if and only if 



Nmax^c -A(t) 

(t) = Q( ) < Q o s„ 



^|cr^(t) 



(17) 



where Q(.) denotes the Q-function. For CAC, the optimal number of connections, 
N * , will be computed as follows 

N^,,R^-[R^[(N-i)p(t) + iqitm . 

I [(A - I)p(t)il - p(l))+ iq(t)(l - q(l))] 



N =max^P„Jt) = Q{- 






3.3 Chernoff Bound 

To estimate small P„j^,{t ) , which is several standard deviations away from the mean, 
other approximations such as the Chernoff bound and the large deviations theory can 
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be used. For small tail probabilities, the central limit approximation can underestimate 
the outage probability. In this subsection, we provide an upper bound for Pgut(f) ■ To 
this end, for any random process A(t) and constant , let 

= = |T(0) = /] (19) 

Note that (o) (■^) logarithm of the conditional moment generating 

function for A(t) . ^A(f A+1)|T (0)=l(*^)*^ logarithm of the conditional 

moment generating function for A{t,N + 1), associated with a new connection 
request. The Chernoff bound gives an upper bound for 
P(A(0 > Amax li'(O) = 0 ■ Assume that E{A{t)} exists and 

A^max^p — • Then the supremum in Eq. (20) is obtained within 

values s > 0 , and minimizing the right hand side of Eq. (20) with respect to S 
yields the Chernoff upper bound 

Pout (0 = R p \Y (0) = i) < e Ga(()|f(o) (•? ) 

„„(„,(/) (20) 

for / > 0 and N^,^^Rp > E{A(t)} . 

* 

where S is the unique solution to 

d ^ \ 

— A ( 0 |r ( 0 ) U ) 

A (or (0) (-^ ) = — i 

G A (0|r (0) (-^ ) 

^ (A - i)p{t)Rpe''’^' iq{t)Rpe^'^- 
p(t)(e' -1) + 1 q(t)(e' -l) + l 

= N R 

The Chernoff bound can be used to estimate the number of connections that is 
needed to satisfy a given the conditional outage probability bound, QoS at the 

uplink, i.e. P(A (t) > Nmax I T(0) = i) < QoS Chernoff bound gives 

the admission control condition 

+ (22) 

To satisfy the QoS, the RRM function at RNC would accept any new connections 

* 

as long as > N , the number of current connections. Using Eq. (22), the 
admission control scheme operates as follows. The logarithms of conditional moment 

generating functions, //A(f)|T(0) (■^) + /^A(f, A+1)|T„^, (0)=1 

satisfies Eq. (21). Finally, we admit the connection if and only if Eq. (22) is satisfied. 
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The N umber of Initial Active connections 

(a) 77 = 0.5 , ^ = 0.833 




The Number Of Initial Active connections 

(b) 77 = 1.5385, 77 = 2.5631 

Fig. 2. The maximum number of connections vs. the number of initial active connections as a 
function of number of antenna elements , M (t=0. Isec.) 

4 Numerical Results 



Some numerical results have been generated from computer simulations. As an 
example, consider the following system: t=0.1sec, v = 0.4 , 7/^),.^^ = 7t/B , 

rj = 0.5 , // = 0.833 , QoSquj = 10 ^ , / = 0.33 , S = —60dBm , Nq = —l66dBm/ Hz , 

Rp = 9.6kbps , W =1.25 Mbps . For the purpose of illustration, we assume an 

average connection duration of 180 seconds and a prediction time of 0.1 seconds. 
Then, the mean inter-arrival time of connection is 3.6 seconds for 50 On-Off 
connections. Thus, we may assume that no new connection (source) occurs during the 
prediction time (0.1 sec). 

In Fig. 2, we can find the maximum number of connections in a radio cell 
according to the number of initial active connections using (8). Fig. 2 also shows that 
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Fig. 3. The maximum number of connections vs. the prediction interval as a function of the 
number of antenna elements, M, and multiple values of the number of initial active 
connections. 
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Fig. 4. The optimal number of connections vs. the number of initial active connections, YfO)=i, 
using M=3 



an increase in the number of antenna elements results in a drastic increase in the 
Amax ■ Even though the voice activity factor in the steady state is the same, the A^ax 
is significantly different. Therefore, the parameters of On-Off sources should be taken 
into consideration to find the A^ax- From Fig. 3, we observe that after approximately 
3.0 seconds the transient A^ax converges to the steady state A^ax ■ This means that 
Amax the steady state is independent of the number of initial active connections. 

We obtain the transient outage probability for obtaining N , using (11) and (17). In 
Fig. 4, we observe that as the initial number of active connections increases, the 
optimal number of connection, N * , decreases because as the initial active 
connections increases, so does the outage probability. We clearly see a big difference 
between transient and steady state approaches for connection control. Whenever the 
number of active connection at time 0 are increased, the transient outage probability 
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using the central limit approximation is more close to that using fluid-flow model. 
The central limit approximation is quite accurate for estimating the distribution of 
aggregated traffic within a few standard deviations from the mean. The resulting 
admissible region using the central limit approximation is more optimistic than that 
using fluid-flow model. Futhermore the Chernoff bounds give us the upper bound of 
exact fluid-flow model. 



5 Conclusion 

We have studied the transient capacity analysis for CDMA uplinks with smart 
antennas. Since the duration of any connection in a real-world system is always finite, 
it is necessary to study outage performance of the system in a transient state rather 
than in an idealized steady state. The transient outage probability was evaluated as a 
function of the number of antenna elements. We have derived the transient outage 
probability using a fluid flow model, central limit approximation, and Chernoff 
bound. Our analytical results show that there is a substantial increase in system 
capacity by adopting smart antennas at the base-station and the proposed scheme may 
be utilized for real-time CAC. 
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Abstract. A Fair Queueing Algorithm is proposed for data services in 
an integrated voice/data CDMA system. We introduce short-term and 
long-term fairness concepts to allocate data users fairly. Using these con- 
cepts, we propose Weighted Fair Queueing with Status Control(WFQS) 
in the consideration of a Generalized Processor Sharing(GPS) fluid-flow 
model. This proposed scheme allocates resources using channel status 
information. In order to implement this fair resource allocation scheme, 
a virtual clock for short-term fairness and a credit table method for long- 
term fairness are used. The throughput and delay of data users could be 
improved when this scheme is applied to wireless channels. . . . 



1 Introduction 

Scheduling research is needed in wired and wireless networks to support various 
Quality of Service (QoS) levels. In wired networks, a considerable body of works 
has been devoted to the Generalized Processor Sharing(GPS)P policy, in which, 
at any given time, all backlogged sessions send data at their fair rates. However, 
in wireless environment, some mobile stations may not be able to transmit data 
due to bad channel conditions while other stations may have good channels 
and can transmit data. Gonsidering these wireless characteristics, a new model 
for fair scheduling in wireless packet networks has been proposed 0. A set of 
properties that a fair queueing algorithm should possess in wireless networks 
was and Ghannel-Gondition Independent Fair Queueing has been suggested to 
support these properties 0. 

However, this proposal did not consider the physical and Medium Access 
Gontrol(MAG) protocol. A packet fair queueing scheme based on the multirate 
GDMA protocol was proposed ^ and a time scheduling scheme suitable for 
hybrid GDMA/TDMA systems was introduced jSj. Based on this approach, a 
Throughput Maximization(TM) scheme was developed 0. FigQ] shows the TM 
scheme, which maximizes the throughput of data users by allocating resources 
to one data user in each frame. The main advantage of this scheme is that it 
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■ voice 
I I data 



Fig. 1. Throughput maximization strategy when there are three data users(A,B and C) 



increases throughput by reducing intracell interference. Thus, the scheme is effi- 
cient for supporting high speed packet data services in CDMA systems. There- 
fore, it is important to distribute resources to data users fairly using wireless 
channel conditions because only one data user is allowed to transmit per frame. 



2 System Model 



Consider the interference of a reverse link in a single cell CDMA system. Let N 
be the number of users. Each user has QoS requirements and rate constraints. 
The chip rate for all users is fixed and the total bandwidth is available to 
all users. Let the spreading gain of the i-th mobile be Gi, the channel gain be 
hi, the background noise be ijo, the {Ejj/No) requirement be 7 ^, the maximum 
power of a mobile station be Pmax, and the transmission rate be r^. Then, the 
condition minimizing total transmitted power is given by0 

N 

( 1 ) 

i=l 



where 



9i = 



7 * 



7i + Gi 



and Rm = 



doRu 



mini (hiPmax/gi^ 



(2) 



From this result, we define gi as the power index of mobile i. This indicates the 
power resource that is allocated to mobile i. The power index pi, which depends 
on the spreading gain and the (Eb/No) requirement, is a good representation 
of a resource in a CDMA system. Therefore, the summation of gi indicates the 
admission threshold in each frame. 

Let Ny be the number of voice users and Nd be the number of data users. 
Voice users are numbered from 1 to Ny and data users are numbered from Ny + 1 
to N, where N = Ny + Nd- Let B{t) represent the number of active voice users 
at time t. Then, the resource Ry{T,t) for voice users during the interval of (r, t] 
(we assume that (r, t] is the same as frame duration) is given by 
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Rv{T,t)= ^ g, (3) 

The residual resources Rd{T,t) for data users during the interval of (r, t] can be 
obtained by 



N 

Rd{T,t) = ^ g, 

= I - Rm - Rv{T,t) (4) 

We will focus on fair distribution of Rd{T,t) under wireless channel conditions 
when the throughput maximization strategy is used. 



3 GPS Scheduling for Data Service in a CDMA System 



GPS is a flow-based service discipline that is appropriate for trafflc flow control 
in integrated services networks PJ. We apply GPS scheduling to data services in 
a GDMA system. Let Wi{T,t) be the resource amount of session i served during 
the interval of (t, t]. Each session i is associated with a positive real number 4>i, 
which we call the relative service share of session i. By definition, GPS is a work 
conserving service discipline based on the following equation 



Wj{T,t) - 



i,j = Ny + 1,...,N 



(5) 



This equation is applied to any session i that is continuously backlogged during 
the (t, t] interval. 

In a GDMA system, resources are represented by bit rates and the {Ed/No) 
requirement 0 . Let Li be the packet length of session i during the interval of 
(r, t]. Then, the resource amount of session i served during the interval of (r, t] 
can be represented by 



Wi(r,t) = Lj7i (6) 

When the throughput maximization strategy is used, one data user is allocated 
per frame. Then, m can be written as 



Rd{T,t) = gi 



(7) 



where i = Ny + 1, - ■ ■ , Nd- Using gi Ri ^iTijByj^ can be written as 



G7i ~ By,Rd(T,t) 

K, Rjn- Rv{T,t)) (8) 

In order to distribute By,Rd{T,t) to data users, we define both short-term 
fairness and long-term fairness concepts. Short-term fairness indicates that pack- 
ets that are admitted to the network with a specified traffic parameter can be 
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transmitted according to the rate of each session. Long-term fairness indicates 
that each backlogged session is controlled to have the same throughput. We 
consider both fairness concepts. 

Let Sf{T,t) be the power resources of data session i for short-term fairness 
during the (r, t] interval. When short-term fairness for data sessions is considered, 
it can be shown that, in a GPS server, any backlogged session i is guaranteed to 
have power resources as follows 

Sf{T,t) = —B^Rd{T,t) (9) 

l^j=Nv+l Vj 

We can see from Q that data resources in each frame are fairly distributed 
according to the relative service share of each user. In view of short-term fairness, 
the resource allocations of previous frames are not considered. 

Let Qf{t) be the power resource of a data session received during the [0, t) in- 
terval for long-term fairness. When long-term fairness is considered, the resource 
amount of data sessions can be changed as follows 

Qfit) = (10) 

2^j=Nv+i yj 

where 

1 /■* 

tf'(t) = - Rd{T,t)dt (11) 

t Jo 

Here, tf'(t) represents the average power resource of data users per unit time. In 
view of long-term fairness, 'B{t) should be fairly distributed to data users. This 
indicates that the resource allocations of previous frames have an impact on the 
data allocation of a current frame. 

4 Weighted Fair Queueing with Status Control 

We now define a WFQS scheme using short-term and long-term fairness con- 
cepts. When a channel of the i-th user is in a bad state, data allocation in the 
next frame is determined by channel characteristics. Thus, power allocation to 
the j-th user is expressed as 



ByjRd{T,t) 

Sf(T,t)= { (12) 

k^i 

[ 0 if j = i 

where j,k = iV„ -|- 1,---,7V. For short-term fairness, the power resources for 
data users in the bad state are allocated to other users in a good state. The 
resource amount of each user is changed in each frame according to channel 
characteristics. 
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For long-term fairness, when the i-th user has an error probability Pg, the 
power resource of the j-th user should be allocated by 



Qlit) = 



- Pe) 

k^i 

- Pe) 

'^cj)k + Pg) 



Bw'P{t) ifjV* 



B^'P{t) ifj = i 



(13) 



where j, k = Ny + 1, ■ ■ ■ , N . Therefore, for long-term fairness, compensation for 
the throughput of a data user in the bad state is achieved by additional allocation 
of power resources when the channel is changed into a good state. 



5 Implementation Issues 



5.1 Virtual Time Implementation for Short-Term Fairness 

We first define a virtual time for short-term fairness of the GPS server that is 
used to specify the service order of data sessions in the CDMA system. To define 
the virtual time in the CDMA system, consider a busy period beginning at time 
t = 0. The virtual time v{t) is defined as 



V{t2) 



u(0) = 0 



v{h) 



Sf 



(14) 



where (^ 1 ,^ 2 ] is an interval of a packet. 

Consider the k-th packet of a given session i with a length of bits. Suppose 
that this packet arrives at time af, is serviced at time sf, and departs at time 
d^. Then, the virtual clock can be obtained by 



vid'y) - u(s?) 



kPi(^l; ^ 2 ) 

SfihM) 

lH 

Sf{hM) 



(15) 



Thus, w(sf) can be written as 



u(sf) = max(u(d^i),u(af)) 



(16) 



Now, we define the virtual finishing time of a packet as Ff = v{d\) with an 
initial value of . Based on (II3 and m, the virtual finishing time can be 
obtained by 



= 



lH 



■ max {Fl 



k-l 






h Ny -\- 1, 



,iv 



(17) 
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When Sf{ti,t 2 ) is represented by is regarded as the virtual clock in 

PCPSQ. Using (C3, the virtual finishing time of each packet can be determined 
at the packet arrival time. Note that the virtual arrival time of a packet is based 
on the set of data sessions backlogged prior to the arrival of the current packet. 
Using (inj to determine virtual finishing times, the GPS time scheduling for 
CDMA can be described as follows: 



1) Whenever a request message arrives at the base station, packets are gen- 
erated and buffered in the data queue. The packets are stamped with the 
virtual finishing time. 

2) At the beginning of each time frame, the base station chooses a certain 
number of packets with the smallest time stamps permitted by the system 
power index budget and allows the corresponding packets to be transmitted 
one by one within the given time frame. 

5.2 Credit Table Implementation for Long-Term Fairness 

For the long-term fairness of data users, we use history information and the chan- 
nel condition of each user to decide which users should be serviced. To distribute 
resources fairly, transmitted packet information is stored in a credit-based table. 
Credit information is updated in each frame according to the following rule: 

1) If the i-th user having a service share of <Pi is allowed to transmit packets us- 
ing a power resource of Sf{tn, tn-i) in data session i during the {tn, tn-i] in- 
terval , the i-th user credit value in the table is increased by Sf{tn,tn-i)/^i- 

2) If mobile transmission is not allowed, the credit value is not changed. 

Let Ci{tn) be the credit value of the i-th user at time tn- The update algorithm 
of the credit value can be written as 



(18) 

Let Vi{tn) be the normalized credit value in the n-th frame. Then, Vi(tn) can be 
written as 

(19) 

where ny is the number of frames during the call. If long-term fairness is con- 
sidered, Vi{tn) should be less than 1. 



5.3 Fair Queueing Algorithm Using Long-Term 
and Short-Term Fairness 

It is advantageous to consider long-term and short-term fairness simultaneously. 
We consider both fairness concepts in the WFQS scheme. FigO shows a generic 
framework for the WFQS scheme, which first checks Vi{tn) of user i. If Vi{tn) is 
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Fig. 2. Generic framework for WFQS scheme 



less than 1 and the channel is in the good state, the packet of user i is admitted. 
If Vi{tn) is not less than 1, the packet of user i is not admitted in the current 
frame and is handled in the next frame. In order to decide the priority of admit- 
ted packets, the finishing time of the packets is computed using a virtual clock. 
After the finishing time of all admitted packets in the current frame is com- 
puted, the base station chooses a certain number of packets with the smallest 
time stamps permitted by the system power index budget and allows the cor- 
responding packets to be transmitted one by one within the given time frame. 
When resources are available after allocating the admitted packets, a compen- 
sation process is performed. If resources are not available, the scheduler handles 
the next frame. Therefore, users in the bad state do not cause a degradation of 
system performance. 

6 Numerical Results 

The performance of the WFQ and WFQS schemes under wireless channels is 
simulated. Even though there are other work-conserving packet scheduling al- 
gorithms, such as start time fair queueing(STFQ) and worst-case fair weighted 
fair queueing(FFE^(5), we compare the WFQS scheme with the WFQ scheme 
because we expect that WFQ, STFQ and WF'^Q exhibit the same average delay 
and average throughput due to work-conservation law. 
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Fig. 3. Delay of data users vs. number of voice users 




Fig. 4. Throughput of data users vs. number of voice users 



It is assumed that voice source packets are generated using an on-off model 
(the means of talkspurt and silence periods are 1.0 and 1.35 sec, respectively) and 
data source packets are generated using a Poisson process. The average packet 
length of the data source is assumed to be 1920 bits/sec. The buffer length of 
data users is limited to 50 packets. The system uses 1.2288 Mhz bandwidth per 
channel and the Et,/No of all the users is 7 dB. The frame size is 20 msec and 
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one frame delay is considered. The basic transmission rate of voice users is 9.6 
kbit/s and the transmission rate of data users is 76.8 kbit/s. To illustrate fairness 
under the wireless channel, the average length of the bad state is assumed to be 
40msec and 66msec. 

In Fig0 the delay of the WFQS and WFQ schemes according to the number 
of voice users is shown. As the number of voice users increases, the delay of 
data users is increased because voice users have a higher priority for packet 
transmission. As the duration of the bad state is increased, the delay of data 
users is increased. The delay of the WFQ scheme is larger than the delay of the 
WFQS scheme because the resources of data user in the bad channel were wasted. 
Using the WFQS scheme, the delay of data users can be reduced. This effect is 
more important when the state of wireless channels is changed frequently. In 
FigEl the throughput of the WFQS and WFQ schemes according to the number 
of voice users is shown. As the number of voice users increases, the throughout of 
data users is decreased because voice users have a higher priority for transmitting 
packets. We can also see that the WFQS scheme has a higher throughput than 
the WFQ scheme because the WFQS scheme allocates resources of data users 
in a bad channel state to other users in a good channel state. The throughput 
gain of the WFQS scheme compared with the WFQ scheme is increased when 
the duration of the bad state is increased because resources of data users in a 
bad channel state are allocated to other users. 



7 Conclusions 

We have proposed a WFQS scheme for data users in a voice/data integrated 
CDMA system. After resources are allocated to voice users, residual resources 
are fairly distributed to data users with consideration of a throughput maxi- 
mization strategy and channel status information. A GPS fluid-flow model has 
been applied to a CDMA system. In order to implement the WFQS scheme in a 
CDMA system, both long-term and short-term fairness concepts have been con- 
sidered. Using the proposed scheme, the throughput can be increased compared 
with a conventional WFQ scheme because available resources for data users in 
a bad channel state are allocated to other users in a good channel state. 
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Abstract. In this paper, we propose a new packet scheduling algorithm 
to support the real-time video traffic in WCDMA downlink. Accumula- 
tion counter is introduced as a new priority metric to determine the trans- 
mission priority among several data users. We consider a two-dimensional 
transmission structure of using both the frame period in the time-axis 
and the OVSF codes in the code-axis at the same time, which is similar 
to a fast packet scheduling concept in the emerging high speed downlink 
packet access (HSDPA) specification of WCDMA system. Simulation 
results show that the proposed approach provides an excellent delay per- 
formance as compared with conventional algorithm for real-time video 
traffic. 



1 Introduction 

Next generation mobile radio systems require higher rate data services and better 
spectrum efficiency. To support these packet data services in the CDMA-based 
wire-less system, the importance of medium access control (MAC) protocol is 
being high-lighted, which increases channel efficiency while satisfying the quality 
of service (QoS) by properly controlling the multiple access interference (MAI). 

In WCDMA system, there are several types of transport channels that can 
be used to transmit packet data, such as common transport channel, dedicated 
transport channel, and shared transport channel. In downlink, the transport 
channel for packet data is selected by the packet scheduling algorithm. The 
transport channels for radio network controller (RNC) select the channels to 
be used for data transfer by considering service type, bearer parameter, packet 
sizes, and so on P . 

A similar features of high-speed packet technologies are found in the High 
Speed Downlink Packet Access (HSDPA) in 3GPP and cdma2000 lx EV-DV 
in 3GPP2. HSDPA will evolve WCDMA for best-effort packet data services in 
terms of reduced latency and increased peak data rates up to 8 ~ 10 Mbps while 
IxEV-DV will improve cdma2000 (lx) for the new feature set in terms of data 
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rates. Some important features of HSDPA include fast link adaptation and fast 
scheduling. The scheduler in HSDPA is shared in the time domain among the 
active users, similar to the downlink shared channel (DSCH) in WCDMA, and 
decides, based on e.g., the instantaneous channel qualities of all users, which 
user shall be assigned to the high speed downlink shared channel (HS-DSCH) 
during the upcoming transmission time interval. The HS-DSCH will use fast 
link adaptation, which selects the modulation and channel encoding scheme best 
suited to the channel environment |2ldill5| . 

In order to use the limited wireless resources in an efficient manner, a new 
downlink packet scheduling algorithm is required for dealing with the packetized 
real-time streaming traffic and non-real-time internet traffic at the same time. 
The concerning QoS parameter related to the packet scheduling includes the 
delay and throughput for the real-time and non-real-time traffic, respectively. 

This paper proposes a simple transmission scheduling algorithm to support 
the real-time data such as live video stream over wireless channels. In the pro- 
posed algorithm, a 2 ms fixed-length frame period is used in the time-axis and 12 
spreading codes with spreading factor 16 are reserved while code-multiplexing 
up to 12 users at the same time. This structure is similar to the fast packet 
scheduling in HSDPA of WCDMA system [4lt)j . 

This paper is organized as follows. Section 2 describes a traffic model of 
the real-time video traffic and presents our system model. Then, our proposed 
packet scheduling algorithm is presented in Section 3. Simulation results are 
presented in Section 4 to show that our proposed approach can provide a good 
delay performance for real-time streaming video traffic in downlink. Concluding 
remarks and further studies are given in Section 5. 



2 System Descriptions 

Fig.ni illustrates a traffic model of real-time streaming video. We consider a 
regular interval T, which is given by a fixed number of frames. In what follows, 
we will refer to this regular interval T as a buffering window, which will serve 
as a reference of delay performance for the time-constrained real-time traffic. 
Each frame is decomposed into a fixed number of slices, each of which will 
be transmitted in a single packet as shown in Fig. E We note that a size of 
packet varies with a video scene. We assume that it follows a truncated Pareto 
distribution. Furthermore, intervals of packets (slices) in a frame streaming are 
also modeled by a truncated Pareto distribution. For a video source at a rate of 
32 kbps, we use the video traffic model parameters given in Table 1 |0|. 

Fig. El illustrates the buffering window for each user, in which an accumu- 
lation counter (AC) is defined as a sum of packet sizes accumulated up to a 
scheduling instance t. The accumulation counter herein serves as a priority met- 
ric. Tj. and ACi{t) denote an interval of the A:-th buffering windows for user i 
and a corresponding accumulation counter at scheduling instance time t, respec- 
tively. Furthermore, let /3® be a packet size of j-th packet within T^. Assuming 
that there are m packets for user i arrived over the buffering window up to a 
scheduling instance of t, the accumulation counter for user i is given as follows: 
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Fig. 1. Traffic model for streaming video 



Table 1. Video streaming traffic model parameters 



Information Type 


Distribution 


Parameter 


Frame inter-arrival 


Deterministic(based on 10 fps) 


100 ms 


Number of packets in a frame 


Deterministic 


8 


Packet size 


Truncated Pareto 
(max=125 bytes) 


k=20 bytes, a=l.l 


Packet inter-arrival in a frame 


Truncated Pareto 
(mean=6 ms, max=12.5 ms) 


10 



AC\{t) = Y,Pl ( 1 ) 

k=l 

Whenever a last packet in is served, ACi{t) is reset. At every scheduling 
instance t, a user with a largest value of AC, i.e., arg maXi{ACi{t)} will be 
served ahead of other users. 

Due to the priority scheduling principle, we note that some packets in one 
buffering window may be delayed subject to congestion, as illustrated in Fig. 0 
Let Dl. be a delay of the k-th buffering window for user i, which is defined as 
difference between a departure time for the last packet arrived in and the 
end of buffering window T^. Note that = 0 if the last packet arrived within 

completes the service within the corresponding interval. Those packets not 
served within the current buffering window should be distinguished from 
new packets arrived in the next buffering window We conjecture that a 

scheduling policy of serving a user j = arg maXi{ACi{t)} first will reduce the 
average delay of buffering window. 

Let Dtotai denote a total delay for all users. Then, we now define the average 
delay of buffering window, denoted as Daverage, as Dtotai divided by the number 
of buffering windows generated during a simulation interval. 

In the case of the real-time video traffic, some delayed packets under conges- 
tion may be discarded. Fig. 0 presents the proposed packet discarding scheme 
for the real-time packets. It discards the packets that their delays evaluated in 
the buffering window exceed the decided delay time, Dt in (2). 

Criterion of packet discarding is given as follows. 
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Fig. 2. Accumulated counter at scheduling instance for streaming video traffic 



user i 






Ti 
^k-\ 

last arrived packet 
■mil 



Dl 






time 



last departure 



packet arrived in T^. 

Fig. 3. Delay of fc-th buffering window for video streaming session of user i 



Dl, > A (2) 

where D\, j is defined as time difference that the j-th packet of the fc-th buffering 
window for real-time data user i arrives on real-time data buffer and then de- 
parts buffer after being served. Parameter Dt is the pre-defined minimum delay 
threshold of buffering window for packet discarding of all data users. We assume 
that all users has the same minimum delay threshold of buffering window. 
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Fig. 4. Packet discarding scheme for real-time traffic 



3 Proposed Packet Scheduling Algorithm 

As a usual packet scheduling for the real-time video traffic, a FIFO principle will 
be applied to serve the Head-of-Line (HOL) packet first. However, our proposed 
algorithm will first serve a packet of user i with the largest accumulation counter, 
ACi{t), at the scheduling instance t. 

Fig. El presents a flowchart of the proposed approach. Suppose that there are 
N video data users in the system. A priority metric of each user i is given by 
the value of accumulation counter and then, all users are accordingly ranked, 
i.e., in a descending order of AC. A user with the largest AC, i.e., a user j = 
arg maXi{ACi{t)}^ will be served first. 

Let Sj{t) denote a total size of packets in the queue for user j, which are 
left unprocessed by the time of a scheduling instance t and Cj (t) denote a trans- 
mission rate-defined data size (i.e., total number of bits that can be transmitted 
by one OVSF code in the current frame), which depends on the modulation 
and channel encoding scheme determined by the current state of SIR for user 
equipment (UE). 

The maximum available number of OVSF codes available is set to 12 as 
specified in HSDPA specification. Additional OVSF code is required as long as 
Sj{t) > Cj(t) . In each iteration of code assignment around a loop, a user is 
served as much as Cj{t) with a given code and subsequently, the number of 
remaining OVSF codes is incremented by one. The remaining number of OVSF 
codes is denoted by Nqvsf ■ 

If Sj{t) is smaller than Cj{t) while Nqvsf is less than 12, a user is served 
as much as Sj{t). As long as the number of remaining OVSF code is less than 
12, another user with the next largest value of AC is selected and then the same 
procedure as for the first user is repeated. 

Since the proposed approach requires computation of AC and a time stamp 
to calculate packet delay for all users, its implementation is very simple. 
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Fig. 5. Flowchart of the proposed algorithm 



4 Simulation Results 



Without loss of generality, SIR values are randomly generated instead of simu- 
lating the actual channel conditions. We assume that frame period is 2 ms and 
Nqvsf is 12 in this simulation. The physical transmission scheme is selected on 
the basis of the received SIR. The SIR values reported from the various UEs are 
found in the priority list of node-B’s (Base Station’s) scheduler, and a specific 
transmission scheme, i.e., modulation scheme and coding rate, of each UE is 
determined according to Table 2. Spreading factor is fixed at 16 j2i;tl4lhj . 

In our simulation studies, we intend to compare the delay performance in the 
proposed packet scheduling scheme with that of a simple first-in-first-out (FIFO) 
scheduling scheme. At each scheduling instance time t, FIFO scheme first serves 
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Table 2. Physical transmission scheme used for simulation 



SIR (dB) 


Modulation scheme 


Coding rate 


10 ~ 5 


16 QAM 


2/3 


5 ~ 0 


16 QAM 


1/3 


0~ -5 


QPSK 


2/3 


-5 ~ -10 


QPSK 


1/3 




Fig. 6. Comparison of average buffering window delay performance for AC and FIFO 
schemes 



the HOL packet of user i with the largest delay, i,e., arg maXi{Wi(t)}, where 
Wi{t) is the head-of-the line packet delay for user i. 

In the current simulation, a video stream traffic model described in Section 
2 is used as a video source, which has a special quality sensitive to the delay of 
buffering window. Video calls are generated as a Poisson process with an average 
call arrival rate (CAR) which ranges from 5 to 7 sec. 

Fig. Elshows the average delay of buffering windows, Daverage, using the pro- 
posed scheme and FIFO scheme, which is simulated for 50 seconds. From these 
results, it is obvious that the proposed scheme outperforms FIFO scheme, espe- 
cially when the average call arrival rate increases. When CAR is 7, for example, 
Daverage for AC Scheme is 0.7 sec while that in FIFO scheme is 2 sec, which 
turns out to be a significant improvement. 

Fig.0 compares Daverage between the proposed algorithms with packet dis- 
carding scheme and without packet discarding scheme. As expected, the pro- 
posed algorithm with packet discarding scheme shows the better delay perfor- 
mance. As described in Section 2, a packet is discarded if a discarding threshold 
Dt is less than D], j. Note that Dt is set to 0.05 sec in Fig. 0 
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5 5.5 6 6.5 



CAR 

Fig. 7 . Comparison of average buffering window delay performance for AC with and 
without packet discarding scheme 




5 5.5 6 6.5 7 



CAR 

Fig. 8. Comparison of average buffering window delay performance with the different 
lengths of buffering window 



Fig. 0 shows the delay performance with the different periods of buffering 
window, i.e., 0.1 vs. 0.04. As expected, we find the worse delay performance 
with the smaller period. In fact, a length of buffering window has a significant 
impact on the average delay of buffering window D average ■ 
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5 Conclusions 

In this paper, we have proposed a simple packet scheduling algorithm to support 
real-time video streaming service in W-CDMA system. By introducing a new 
concept of accumulation counter as a priority metric, we have shown that the 
average delay of buffering window can be significantly reduced. As a possible 
future work, we will modify our priority metric to take a channel condition into 
account, which will be a useful means of increasing the overall throughput under 
time- varying mobile environment. 
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Abstract. We derive optimum power and rate allocation rule for CDMA 
downlink networks, which minimizes mean transmission delay of the si- 
multaneous users experiencing different channel gains under total trans- 
mission power and required SIR constraints. It is shown that the pro- 
posed allocation rule not only achieves the minimum transmission delay, 
but also minimizes the probability of the data rate being less than a toler- 
able threshold, against the equal rate or equal power allocation schemes. 



1 Introduction 

Downlink traffic portion is getting more and more dominant in cellular CDMA 
networks. It will be thus very important to achieve high data rate capability 
in downlink. Not only the network capacity but the mean transmission delay 
in the network is also very important factor to determine the service and the 
network quality. Nevertheless most of the optimum resource allocation problems 
were solved in order to achieve the maximum CDMA network capacity. In other 
words, their works have been devoted to solve power and/or rate allocation 
problem which is aimed to increase network throughput 

However, these kinds of approaches may incur inefficiency in terms of trans- 
mission delay because they are only focusing on the maximization of the network 
total rate, i.e., the sum of users’ data rate. These allocations may result in se- 
rious uneven data rates among users according to their channel conditions and 
thus, users under bad channel conditions will experience a significant transmis- 
sion delay because of slow data rate allocated to them m Therefore, they 
are not optimum in terms of transmission delay which is inverse linear to the 
instantaneous data rate. 

On the other hand, an equal rate allocation scheme can provide fair services 
to all users in the network in delay aspect 0. However, it is power inefficient 
since it totally relies on transmission power control to compensate channel degra- 
dation and results in the increase of total required transmission power j 1 2\ . The 
equal rate allocation scheme may also degrade the system capacity as well in 
cellular CDMA networks due to the following reason. As downlink total trans- 
mission power per each cell increases, inter-cell interference level also increases. 
Accordingly, increasing of a required transmission power means the degradation 
of the system capacity. 
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In this paper, we propose the optimum power and rate joint allocation scheme 
for CDMA downlink in order to achieve the minimum mean transmission time 
under the total transmission power constraint. We analyze the performance of 
the proposed scheme in terms of mean transmission delay and probability of 
individual data rate being lower than a tolerable threshold. Because one of the 
most important measures of a digital communication system performance is the 
system capacity, we also analyze it in terms of maximum allowable number of 
simultaneous users with a desired service quality. The probability of intolerable 
data rate is used as the service quality measure in this paper. We note that this 
capacity measure is more meaningful than the capacity measure in terms of the 
simple aggregation of the simultaneous users’ data rates. As the reference allo- 
cation schemes for comparison, we also analyze transmission delay performances 
of equal-rate and equal-power allocation schemes. 

After investigating the relationship between power and rate with a given tar- 
get signal to noise ratio (SNR), we first derive mean transmission delay equation 
in the equal data rate and in the equal power allocation schemes, respectively. 
Then, optimum power/rate allocation rule is derived in order to minimize the 
mean transmission delay and the numerical results are compared for 3 allocation 
schemes. 



2 Power/Rate Relationship with a Given Target SNR 



When there are K simultaneous users in CDMA downlink, the ith user’s symbol 
energy Eg^i is given as follows: 

Es^, = G,P,Ti, i=l,2,...,K (1) 



where Gi is the ith user’s channel gain, Ti is the zth user’s symbol duration. Pi 
is the transmission power for the ith user, and the downlink total transmission 
power is restricted to be Pt: 

K 

Pt=E^- (2) 

i=l 

Then, the ith user’s SNR, SNRi is given as follows: 



SNR, = 



E.s,i 



GiPi 

R^i' 






( 3 ) 



where Ri is the tth user’s symbol rate equal to 1/Tg, Nj is the power spectral 
density (PSD) of total interference including background noise. If the target 
SNR to satisfy the given quality of service (Q.O.S) is SNRq, then the relation 
between the data rate and the power for the ith user satisfying SNRi = SNRq 
is given as follows: 



Ri = 



G,P, 

SNRoNi ■ 



( 4 ) 



In CDMA networks, the data rate can be changed via multi-code allocation 
or variable spreading gain scheme. Although the data rate has discrete values 
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according to the number of codes or spreading gain used and it’s range is limited 
in practical system, we assume unlimited and real-valued data rate for tractable 
derivation in the following analysis. We aim to derive the optimum power and 
rate analytically in the function of channel gain and compare the allocation 
performance to those of other allocation schemes. 

3 Mean Data Transmission Delay 

and Optimum Power/Rate Allocation 

Let the number of symbols per packet be L and the average number of packet 
retransmission be when the SNR is maintained to be SNRq, transmission delay 
for a successful packet transmission for the *th user, is given as follows|B|: 



where L/Ri is the transmission time for the ith user’s packet for the case of 
no retransmission and we neglect the propagation and processing delay which 
is negligible compared to L/Ri 0,0 ■ Since N^tL is identical for all users, 
the difference in transmission delays among users results from the difference 
in their individual data rate. Accordingly, the mean transmission delay of K 
simultaneous users is calculated from 0| and 0 as follows: 



Before proceeding to optimum power/rate allocation, we analyze the mean trans- 
mission delays of equal rate allocation and equal power allocation. 

3.1 Equal Date Rate Allocation 

When all simultaneous users have the same data rate, Rq, the ith user’s trans- 
mission power. Pi should be inverse-linearly controlled against channel gain Gi 
in order to achieve SNRq as follows: 



By substituting 0 into 0 , the data rate and the transmission power are 
given as the functions of the channel gain Gi and the total transmission power 
Pt as follows: 




(5) 




SNRoNiRo 



(7) 




( 8 ) 



(9) 
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Since the term Pt/{SNRoNj) in 
written as follows: 

Rt 



0 can be considered as a constant a, Ri is 



a 

EZi l/Gi 



( 10 ) 



Then, by substituting m into dOJ, the mean transmission delay for equal data 
rate allocation is given as follows: 



K 

Der = PZZ 

Z=1 



( 11 ) 



where (3 denotes a constant given by /3 = {SNRoNjNeL) /P t- 



3.2 Equal Power Allocation 



When the transmission power for each user is equally allocated, Pi is given by 
PtjK and thus, the fth user’s data rate Ri in order to achieve SNRq is given 
as follows 




( 12 ) 



Then, the mean transmission delay is given as follows: 



K 

Dep = I3Y,IIG„ (13) 

From m and m, we note that equal rate allocation and equal power allocation 
have the identical mean transmission delay. 



3.3 Optimum Power/Rate Allocation 

Under the total power constraints given in 0, optimum power allocation for K 
users, Pi^opt, i = 1, . . . , A is the solution of the following equation: 



r n 1 _ argmm 
\P,optS —P1+P2 + 



K 1 

,+fif=Pt ^ ^ ^ p 



(14) 



We can solve the above optimization problem by using the LaGrange Multiplier 
given as follows: 



K 






K 



K 



1 



AP,; 



The partial derivatives of (na> with respect to Pi is given as follows: 



dL 



1 



+ A = 0 



(15) 



( 16 ) 



and then. Pi which makes m equal to 0 is given by 
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P,. = 



1 

7 ^ 



( 17 ) 



where A is determined by the total power constraint, J2i=i -F) = Pt as follows: 

\ 2 



K 



T. 



1 






(18) 



By substituting (ITRll into m, we obtain the optimum power allocation rule as 
follows: 



P. = 






(19) 



from which we note that it is optimal to distribute total power to the users to 
be inverse-linear to the square root of their channel gains. By the relation given 
in 0 for SNR requirement, the optimum data rate is determined as follows: 



GiPi _ OL\f(Ti 
SNRoNi ~ 



(20) 



Therefore, the mean transmission delay with the optimum power/rate allocation, 
Upfl is given as follows: 



= ;§ 7^/g^ . 

By using a well-known inequality, we can show that 

DpR < Der{= Dep) 



(21) 



( 22 ) 



where equality holds for the case of identical channel gain, i.e., Gi = G 2 = 
. . . = Gk- Extensive evaluation of Dpr and Der{= Dep) with various samples 
of Gi’s assures the fact that the difference between Dpr and Der{= Dep) 
increases as the differences among Gi’s increase. 



4 Numerical Results 

In order to compare the mean transmission delays for different allocation schemes 
under mobile communication environment, we consider the case when each user 
is uniformly distributed in a cell and experiences the independent lognormal 
shadowing. Then, the channel gain Gi is given as follows: 

G, =5(r,)10^^/^° (23) 

where Q is the attenuation in decibel due to shadowing and follows Gaussian 
distribution with zero mean and standard deviation, a and g{ri) denotes path 
loss component given by 

9{ri) = r- 



(24) 
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Fig. 1. Average mean transmission delay for various allocation schemes, 13=1, ri=4. 

where Vi is the distance between the base station and the user’s location and r] 
is the propagation path loss exponent. Since we are focusing on the case when 
power/rate allocation is performed based on mean channel gain of each user link, 
the short-term variation due to fast fading is averaged out and is not included 
in (23). In the following numerical results, we independently generated channel 
gain vector Gi,i = 1,2, ... ,K for 10,000 times at each K in order to achieve the 
distributions of the mean transmission delays given in (11), (13) and (21) and 
the data rates given in (10), (12) and (20). 

Average mean transmission delays, Der{= Dep) and Dpp are estimated for 
independently generated 10,000 samples, and they are plotted in Fig. 1 as the 
function of the number of users for the case when (3=1, rj=A, a = 8 and 12, re- 
spectively. We assumed that the users were uniformly distributed in a unit circle. 
We can find the common characteristics of the transmission delay irrespective of 
allocation schemes that they show proportional increase to the number of users. 
This is because the allocated powers to each user are inversely proportional to 
the number of users and so does the allocated data rates to each user. We note 
that the proposed allocation scheme achieves lower mean transmission time com- 
pared to equal power allocation or equal rate allocation scheme. The amount of 
reduction becomes significant as a increases. This is due to the fact that the 
channel gain variation among users increases as cr increases. For example, the 
proposed allocation scheme reduces the average mean transmission time to 1/3 
of those of the other two allocation schemes when K=5 with a = 12. 

For the case of instantaneous delay-sensitive data type such as voice or real 
time stream, there may exist a threshold in the tolerable data rate to satisfy a 
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given service quality. In this case, it is more important to maintain the individual 
data rate to be higher than a threshold than to minimize mean transmission 
delay. In order to assess the network performance in this point of view, we 
compare the probabilities of data rate being less than the tolerable threshold 
as the function of the threshold for three different allocation algorithms in Fig. 
2. We note that the proposed allocation scheme also minimizes probability of 
intolerable data rate among three kinds of allocation scheme almost over all 
range of tolerable data rate threshold. Despite of the identical performance of 
average mean transmission delay between the equal rate allocation and the equal 
power allocation, there exist differences in the individual data rate performance 
between them. This is because they have different distribution of the individual 
data rate even though they have identical transmission delay in the mean sense. 
It is also shown that the amount of reduction in the probability of intolerable 
data rate via proposed allocation scheme is more significant for large number of 
the simultaneous users. 

In order to analyze the performance of three allocation schemes in terms of 
network capacity, we compare the maximum number of users that can simultane- 
ously communicate with a desired quality of service. It is necessary to maintain 
the probability of intolerable data rate to be lower than a certain level so that 
the satisfactory service can be provided. Therefore, we take the probability of 
intolerable data rate as the quality of service index in this paper. In Fig. 3, the 
maximum allowable numbers of users are plotted for the case when probability 
of intolerable data rate is maintained to be less than 0.01 and 0.05, respectively. 
It is shown that there are significant improvements by the proposed allocation 
scheme for all cases. We can find that the capacity enhancement reaches up to 
from 200 to 400 % according to the channel environment and the tolerable data 
rate threshold. From these results, we can conclude that the proposed allocation 
achieves the maximum capacity among three different allocation scheme in terms 
of the allowable number of users with a given tolerable data rate. 



5 Conclusions 

In this paper, we proposed the optimum resource allocation scheme for CDMA 
downlink where the power and the data rate are jointly allocated in order to 
achieve the minimum mean transmission delay. It was shown to be optimum 
to distribute total power to the users to be inverse-linear to the square root of 
their channel gains. As the reference allocation schemes for comparison, we also 
analyzed delay performances of the equal-rate and the equal-power allocation 
schemes, respectively. 

As the variation of channel gains among users increases, the amount of re- 
duction in transmission delay by the proposed scheme against the equal rate 
or equal power allocation schemes increases. The proposed allocation achieves 
about 3 or 4-fold reduction in mean transmission delay under a shadowing and 
path loss environment. Moreover, the proposed allocation achieves the maxi- 
mum capacity among three different allocation scheme in terms of the allowable 
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number of users with a given tolerable data rate. The enhancement in capacity 

reaches up to from 200 to 400 % according to the channel environment and the 

tolerable data rate threshold. 
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Abstract. The future of telecommunication networks is wireless, ubiquitous, 
broadband and personal access to real-time multimedia convergent services. 
This paper presents an overview of Mobile IPv6 technology in the context of 
future “beyond 3G” wireless networks and reports the experiments done at 
PT Inovajao. First, we provide a brief introduction to Mobile IPv6, describing 
its functionality and its role in future “beyond 3G” wireless networks. We then 
present a vision of the technologies, architectures and services expected from 
future wireless networks, also referred to as wireless networks “beyond 3G”. 
We describe our test bed and the Mobile IPv6 experiments, reporting and ana- 
lysing the results. Finally, we draw some conclusions and point to future work. 

Keywords: Mobile IPv6, Beyond 3G, Wireless Networks, Handover, Experi- 
ments, Test Bed 



1 Mobile IPv6 

The Internet protocol, IP, is becoming the natural language of telecommunication 
systems. The promise of ubiquity in future telecommunication networks will be 
achieved by using IP as a convergence layer, together with wireless access technolo- 
gies and mobility support. This is nowadays a more or less consensual issue. Never- 
theless, in order to meet this goal there has to be an extensive work in improving 
current wireless and IP technologies and in making them cooperatively support QoS 
criteria in an efficient way. 

The development of the new Internet protocol, IPv6, began in 1992 with the pur- 
pose of eliminating IPv4’s shortcomings. These were mainly found to be the lack of 
address space for a booming Web-based Internet, header complexity, overhead and 
extension problems and the lack of automatic address configuration. IPv6 introduced 
all the improvements to overcome these problems, the most important one being the 
128-bit wide address format. 

In the context of future wireless networks, in order to make IP technology integrate 
all services and build true convergent networks, it is crucial to have an IP-layer solu- 
tion for the mobility management problem. Users will demand the same quality of 
service they can achieve with fixed networks. Mechanisms are being developed at the 
IP layer to make handovers seamless for users, even when different access technolo- 
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gies are involved (inter- technology handovers). One of the most important efforts hy 
the IETF in making the Internet mobility aware is Mobile IPv6 [6]. 

The use of IPv6 native mechanisms like Address auto-configuration, or Extension 
Headers (like the Routing Header or the Destination Option Header), increased the 
simplicity of how the mobility protocol is implemented and, at the same time, its 
efficiency. 

There are 3 basic elements in a MIPv6 scenario: 

• A Mobile Node (MN) - this is the device witch will travel through the different 
networks. 

• A Home Agent (HA) - this is a router with the important mission of keeping track 
of the MN location and intercepting traffic sent to it. 

• A Correspondent Node (CN) - this is a regular host with whom the MN is com- 
municating. 

Associated with these elements are the concepts of Home Network (HN) and For- 
eign Network (FN): 

• Home Network (HN) - this is the network where the HA is attached. While in this 
network, the MN is accessible through its Home address and no MIPv6 process is 
necessary to the communication. 

• Foreign Network (FN) - or visited network, is a network to where the MN trav- 
els, and because it has to acquire a new IP address, a MIPv6 process is necessary to 
keep all the connections alive. 

The Mobile IPv6 protocol (MIPv6), defined by the Mobile IP Working Group in 
the IETF, describes the operations necessary to allow the support of IPv6 mobility. A 
Mobile Node (MN) is always identified by its Home Address (Ha), regardless of its 
current point of attachment in the network. While the MN is attached to its Home 
Network (HN), the communication is made in a standard IPv6 way. However, when 
the MN moves to a different network, it gets a new address, the Care-of Address 
(CoA), which provides the necessary information about the MN point of attachment, 
allowing packets to be routed transparently to that CoA, and then delivered to the 
MN. The MN reads the additional information contained on the Routing Header 
(RH), translates the CoA into to the Home address and delivers the packet transpar- 
ently to the upper layers. 

The main entity that supports this operation, besides the MN, is the Home Agent 
(HA), located in the HN, responsible for keeping track of the MN current point of 
attachment on the network. Furthermore, a packet sent to the MN Home address while 
it his in a FN, is intercepted and delivered by the HA to the MN, using IPv6 over IPv6 
encapsulation. When the MN receives an encapsulated packet from its HA, it knows 
that the node that sent this packet, called Correspondent Node (CN), is not aware of 
the actual point of attachment of the MN. Then, the MN sends the information about 
its current association, allowing the CN to send packets directly to the MN, using a 
RH. The information about the current association (CoA, Ha) of the MN, is owned by 
the HA and also the CN (plus some other information, e. g. association lifetimes), and 
is saved in a structure called Binding Cache (BC). The MN requests, either to the HA 
or the CN, to add or update associations, are called Bindings. When the CN is aware 
of the point of attachment of the MN, the communication is made directly, using 
optimal routing. Now, the packets from the CN are sent to the MN using a RH, while 
the packets from the MN to the CN are sent using a DH {Home Address). 




306 Joao Filipe Santos, Carlos Rodrigues, and Joao Paulo Firmeza 

Every time the MN moves to other FN (changing its point of attachment), the process 
is repeated. When the MN returns to his HN, this process is stopped and normal IPv6 
packets are exchanged between the nodes. 

Let’ s consider the simplest scenario in which we can describe and explain the Mo- 
bile IPv6 process, described in Fig. 1 . 




We implemented this scenario with 3 different networks using prefixes 
3ffe:3103:0:8::/64, 3ffe:3103;0:9::/64 and 3ffe:3 103:0: 10: :/64. Connecting the 
3ffe:3103:0:8::/64 and 3ffe:3103:0:9::/64 networks, we have a Linux router (acting as 
Home Agent), and connecting the 3ffe:3103:0:9::/64 and 3ffe:3103:0:10::/64 net- 
works, we have a regular Linux router. Both are announcing their respective networks 
prefixes (using radvd), by sending Router Advertisements (RAs). 

The Correspondent Node (CN) is sending pings (ICMP Echo Requests) to the Mo- 
bile Node (MN) to test the connection. The MN, initially attached via WLAN to its 
Home Network (HN), is responding with Echo Replies, but meanwhile, it will move 
to a Foreign Network (FN) without loosing connectivity to the CN. 

Let’s see the dataflow schematics: 




Fig. 2. ICMP Echo Request and Reply while MN is in its HN: 1) A regular IPv6 Echo Request 
(no mobility process has been enabled); 2) A regular IPv6 Echo Reply. 



We can take a look at the sniffed packets: 
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(1) Echo Request 

ETHERNET: ETYPE = 0x86DD : Protocol = Unknown 
IP6: Proto = ICMP6; Len =40 
IP6 : Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6: Flow Label = 0 (0x0) 

IP6: Payload Length = 40 (0x28) 

IP6: Next Header =58 (ICMP6) 

IP6 : Hop Limit = 126 (0x7E) 

IP6 : Source Address = 3f f e : 3103 : 0 : 10 : 260 : 8f f : f e46 : 46e7 
IP6 : Destination Address = 3f f e : 3103 : 0 : 8 : 201 : 2f f : f e2a : 93b9 
IP6 : Payload: Number of data bytes remaining = 40 (0x0028) 
ICMP6: Echo Request; ID = 23, Seq = 60579 
ICMP6: Checksum = 0x8208 
ICMP6 : Type = 128 (Echo Request) 

ICMP6: Code = 0 (0x0) 

ICMP6: Identifier = 23 (0x17) 

ICMP6: Sequence Number = 60579 (0xECA3) 

ICMP6: Data: Number of data bytes remaining = 32 (0x0020) 

(2) Echo Reply 

ETHERNET: ETYPE = 0x86DD : Protocol = Unknown 
IP6: Proto = ICMP6; Len = 40 
IP6: Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6 : Flow Label = 0 (0x0) 

IP6 : Payload Length = 40 (0x28) 

IP6: Next Header =58 (ICMP6) 

IP6 : Hop Limit = 64 (0x40) 

IP6 : Source Address = 3f f e : 3103 : 0 : 8 : 201 : 2f f : f e2a : 93b9 
IP6 : Destination Address = 3f f e : 3103 : 0 : 10 : 260 : 8f f : f e46 : 46e7 
IP6 : Payload: Number of data bytes remaining = 40 (0x0028) 
ICMP6 : Echo Reply; ID = 23, Seq = 60579 
ICMP6 : Checksum = 0x8108 
ICMP6: Type = 129 (Echo Reply) 

ICMP6: Code = 0 (0x0) 

ICMP6: Identifier = 23 (0x17) 

ICMP6 : Sequence Number = 60579 (0xECA3) 

ICMP6 : Data: Number of data bytes remaining = 32 (0x0020) 



Next, in Fig. 3, when the MN moves to a FN (3ffe:3103:0:9::/64). 



MN^ HA 

ICMPv6 



CN 



( 1 ) 

(2) 

(3) 

(4) 

(5) 

(6) 

(7) 

(8) 



RAdv 




BU 

BA 

ECHO_REQ 
ENCAP_ECHO_REQ 
ECHO_REPLY + BU 

ECHO_REQ 

ECHO_REPLY 



Fig. 3. ICMP Echo Request and Reply when MN moves to FN: 
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Fig. 3. (Continued) 

(1) Router Advertisements (RAs) are being sent periodically by the Linux router (the prefix 
announced is 3ffe:3103:0:9::/64), informing the MN that he is now in a FN. A new 
CoA is created. 

(2) A Binding Update (BU) is sent from the MN to the HA, using the Ha Destination Op- 
tion (DH), in order to register the acquired CoA. 

(3) A Binding Acknowledge (BA) from the HA confirms the BU. The HA uses a Routing 
Header (RH) to forward the packet. 

(4) A regular Echo Request packet is sent to the MN Home Address (because the CN 
doesn’t know that the MN moved to a FN). 

(5) This packet is intercepted and encapsulated by the HA, using IPv6 over IPv6 encapsu- 
lation, and sent to the MN. 

(6) When the MN receives the encapsulated packet, it knows that there is a CN that doesn't 
know its actual location. For this reason, a BU is sent to update the CN Binding Cache 
(BC), using again the Ha DH. 

(7) Now, all the packets from the CN to the MN are sent directly using a Routing Header 
(RH). 

(8) The packets from the MN to the CN are sent directly using a Home address (Ha) DH. 

Again, let’ s take a look at the relevant sniffed packets - all but (4) - and compare 
them to the diagram in Fig. 3: 

(1) - Router Advertisement 

ETHERNET: ETYPE = 0x86DD : Protocol = Unknown 
IP6: Proto = ICMP6; Len = 56 
IP6 : Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6 : Flow Label = 0 (0x0) 

IP6 : Payload Length = 56 (0x38) 

IP6 : Next Header = 58 (ICMP6) 

IP6 : Hop Limit = 255 (OxFF) 

IP6 : Source Address = f e80 : : 210 : 5af f : f e67 : 55bc 
IP6 : Destination Address = ff02::l 

IP6 : Payload: Number of data bytes remaining = 56 (0x0038) 

ICMP6 : Router Advertisement 
ICMP6 : Checksum = 0x5AA8 

ICMP6 : Type = 134 (Router Advertisement) 

ICMP6: Code = 0 (0x0) 

ICMP6: Current Hop Limit = 64 (0x40) 

ICMP6 : 0 = Not managed address config 

ICMP6 : .0 = Not other stateful config 

ICMP6 : Router Lifetime = 600 (0x258) 

ICMP6 : Reachable Time = 0 (0x0) 

ICMP6 : Retransmission Timer = 0 (0x0) 

ICMP6: Prefix = 3f f e : 3103 : 0 : 9 : : 

ICMP6 : Type = 3 (0x3) 

ICMP6: Length = 4 (0x4) 

ICMP6: Prefix Length = 64 (0x40) 

ICMP6: Site Prefix Length = 0 (0x0) 



ICMP6 : 1 = On -link determination allowed 

ICMP6 : .1 = Autonomous address configuration 

ICMP6 : ..0 = No router address 

ICMP6 : ...0.... = Not a site prefix 
ICMP6 : 0 = Not a route prefix 



ICMP6 : Valid Lifetime = 2592000 (0x278D00) 

ICMP6 : Preferred Lifetime = 604800 (0x93A80) 

ICMP6 : Reserved 

ICMP6: Prefix = 3f f e : 3103 : 0 : 9 : : 

ICMP6 : Source Link-level Address = 00 10 5A 67 55 BC 
ICMP6: Type = 1 (0x1) 

ICMP6: Length = 1 (0x1) 

ICMP6 : Source Link-level Address = 00 10 5A 67 55 BC 

(2) - Binding Update 

ETHERNET: ETYPE = 0x86DD : Protocol = Unknown 
IP6 : Dest Opts; Auth SPI = 0x40a; Dest Opts; Len = 0 
IP6 : Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6 : Flow Label = 0 (0x0) 
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IP6 : Payload Length =64 (0x40) 

IP6 : Next Header = 60 (Destination Options Header) 

IP6 : Hop Limit = 255 (OxFF) 

IP6 : Source Address = 3f f e : 3103 : 0 : 9 : 201 : 2f f : f e2a : 93b9 
IP6 : Destination Address = 3f f e : 3103 : 0 : 8 : : 3 
IP6 : Destination Options Header 

IP6 : Next Header = 51 (Authentication Header) 

IP6 : Length = 2 (0x2) 

IP6 : Padding (4 bytes) 

IP6: Type = 1 (PadN) 



IP6 : 00 = Skip option if not recognized 

IP6 : ..0 = Option data does not change enroute 



IP6 : Length = 2 (0x2) 
IP6: Data = 00 00 
IP6 : Home Address Option 



IP6: Type = 201 

IP6 : 11 = Discard packet if not recognized, and send ICMP if not multicast 

IP6 : ..0 = Option data does not change enroute 

IP6 : Length = 16 (0x10) 

IP6: Home Address = 3f f e : 3103 : 0 : 8 : 201 : 2f f : f e2a : 93b9 



IP6 : Authentication Header 

IP6 : Next Header = 60 (Destination Options Header) 

IP6 : Length = 4 (0x4) 

IP6 : Reserved 

IP6: SPI = 1034 (0x40A) 

IP6 : Seq Num = 4 (0x4) 

IP6: Auth Data = 16 12 37 89 41 OB 1C 88 00 8A 81 DC 
IP6 : Destination Options Header 
IP6 : Next Header = 59 (None) 

IP6 : Length = 1 (0x1) 

IP6 : Binding Update Option 
IP6: Type = 198 

IP6 : 11 = Discard packet if not recognized, and send ICMP if not multicast 

IP6 : ..0 = Option data does not change enroute 

IP6 : Length = 8 (0x8) 

IP6 : Flags 

IP6 : 1 = Request a binding acknowledgement 

response . 

IP6 : .1 = Request host to act as home agent. 

IP6 : ..1 = Binding update includes a care -of address. 

IP6 : Prefix Length = 0 (0x0) 

IP6 : Sequence Number = 6 (0x6) 

IP6 : Lifetime = 10000 (0x2710) 

IP6: Care-of Address = 3f f e : 3103 : 0 : 9 : 201 : 2f f : f e2a : 93b9 

(3) - Binding Acknowledgement 

ETHERNET: ETYPE = 0x86DD : Protocol = Unknown 

IP6 : Routing (1 left of 1); Auth SPI = 0x409; Dest Opts; Len = 0 
IP6 : Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6 : Flow Label = 0 (0x0) 

IP6 : Payload Length =64 (0x40) 

IP6 : Next Header = 43 (Routing Header) 

IP6 : Hop Limit = 255 (OxFF) 

IP6 : Source Address = 3f f e : 3103 : 0 : 8 : : 3 

IP6 : Destination Address = 3f f e : 3103 : 0 : 9 : 201 : 2f f : f e2a : 93b9 
IP6 : Routing Header 

IP6 : Next Header = 51 (Authentication Header) 

IP6 : Length = 2 (0x2) 

IP6 : Type = 0 (0x0) 

IP6 : Segments Left = 1 (0x1) 

IP6 : Reserved 
IP6 : Route 

IP6: Address = 3f f e : 3103 : 0 : 8 : 201 : 2f f : f e2a : 93b9 
IP6 : Authentication Header 

IP6 : Next Header = 60 (Destination Options Header) 

IP6 : Length = 4 (0x4) 

IP6 : Reserved 

IP6: SPI = 1033 (0x409) 

IP6 : Seq Num = 4 (0x4) 

IP6: Auth Data = A3 C5 76 C8 39 OC 5B 55 67 4D 94 D2 
IP6 : Destination Options Header 
IP6 : Next Header = 59 (None) 

IP6 : Length = 1 (0x1) 

IP6 : Padding (1 bytes) 

IP6 : Type = 0 (Padl) 



IP6 : 00 = Skip option if not recognized 

IP6 : ..0 = Option data does not change enroute 



IP6 : Binding Acknowledgement Option 
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IP6 : Type = 7 

IP6 : 00 = Skip option if not recognized 

IP6 : ..0 = Option data does not change enroute 



IP6 : Length = 11 (OxB) 

IP6 : Status: 0 = Binding accepted. 

IP6 : Sequence Number = 6 (0x6) 

IP6 : Lifetime = 1000 (0x3E8) 

IP6 : Refresh = 800 (0x320) 

(5) - Encapsulated Echo Request 

ETHERNET: ETYPE = 0x86DD : Protocol = Unknown 
IP6 : Proto = 0x29; Len = 104 
IP6 : Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6 : Flow Label = 0 (0x0) 

IP6 : Payload Length = 104 (0x68) 

IP6 : Next Header = 41 

IP6 : Hop Limit = 255 (OxFF) 

IP6 : Source Address = 3f f e : 3103 : 0 : 8 : : 3 
IP6 : Destination Address = 

3ffe:3103:0:9:201:2ff :fe2a:93b9 
IP6 : Payload: Number of data bytes remaining = 104 (0x0068) 

IP6 : Proto = ICMP6; Len =64 
IP6 : Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6 : Flow Label = 0 (0x0) 

IP6 : Payload Length =64 (0x40) 

IP6 : Next Header = 58 (ICMP6) 

IP6 : Hop Limit = 62 (0x3E) 

IP6 : Source Address = 3f f e : 3103 : 0 : 10 : 260 : 8f f : f e46 : 46e7 
IP6 : Destination Address = 3f f e : 3103 : 0 : 8 : 201 : 2f f : f e2a : 93b9 
IP6 : Payload: Number of data bytes remaining = 64 (0x0040) 

ICMP6 : Echo Request; ID = 64548, Seq = 5376 
ICMP6 : Checksum = 0xA23B 
ICMP6 : Type = 128 (Echo Request) 

ICMP6: Code = 0 (0x0) 

ICMP6: Identifier = 64548 (0xFC24) 

ICMP6 : Sequence Number = 5376 (0x1500) 

ICMP6 : Data: Number of data bytes remaining = 56 (0x0038) 

(6) - Echo Reply + CN Binding Update 

ETHERNET: ETYPE = 0x86DD : Protocol = Unknown 

IP6 : Dest Opts; Auth SPI = 0x409; Dest Opts; Proto = ICMP6; Len = 64 
IP6 : Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6 : Flow Label = 0 (0x0) 

IP6 : Payload Length = 128 (0x80) 

IP6 : Next Header = 60 (Destination Options Header) 

IP6 : Hop Limit = 64 (0x40) 

IP6 : Source Address = 3f f e : 3103 : 0 : 9 : 201 : 2f f : f e2a : 93b9 

IP6 : Destination Address = 3f f e : 3103 : 0 : 10 : 260 : 8f f : f e46 : 46e7 

IP6 : Destination Options Header 

IP6 : Next Header = 51 (Authentication Header) 

IP6 : Length = 2 (0x2) 

IP6 : Padding (4 bytes) 

IP6: Type = 1 (PadN) 



IP6 : 00 = Skip option if not recognized 

IP6 : ..0 = Option data does not change enroute 



IP6 : Length = 2 (0x2) 
IP6: Data = 00 00 
IP6 : Home Address Option 



IP6: Type = 201 

IP6 : 11 = Discard packet if not recognized, and send ICMP if not multicast 

IP6 : ..0 = Option data does not change enroute 

IP6 : Length = 16 (0x10) 

IP6 : Home Address = 3f f e : 3103 : 0 : 8 : 201 : 2f f : f e2a : 93b9 



IP6 : Authentication Header 

IP6 : Next Header = 60 (Destination Options Header) 
IP6 : Length = 4 (0x4) 

IP6 : Reserved 

IP6: SPI = 1033 (0x409) 

IP6 : Seq Num = 1 (0x1) 

IP6: Auth Data = A6 EC A2 38 D7 C7 4A 62 35 65 ED E7 
IP6 : Destination Options Header 
IP6: Next Header =58 (ICMP6) 

IP6 : Length = 1 (0x1) 

IP6 : Binding Update Option 
IP6: Type = 198 
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IP6 : 11 = Discard packet if not recognized, and send ICMP if not multicast 

IP6 : ..0 = Option data does not change enroute 

IP6 : Length = 8 (0x8) 

IP6 : Flags 

IP6 : ..1 = Binding update includes a care -of address. 

IP6 : Prefix Length = 0 (0x0) 

IP6 : Sequence Number = 9 (0x9) 

IP6 : Lifetime = 1000 (0x3E8) 

IP6: Care-of Address = 3f f e : 3103 : 0 : 9 : 201 : 2f f : f e2a : 93b9 
ICMP6 : Echo Reply; ID = 64548, Seq = 5376 

ICMP6 : Checksum = 0xAl3B (ERROR: should be 0xAl3A) 

ICMP6 : Type = 129 (Echo Reply) 

ICMP6: Code = 0 (0x0) 

ICMP6: Identifier = 64548 (0xFC24) 

ICMP6 : Sequence Number = 5376 (0x1500) 

ICMP6 : Data: Number of data bytes remaining = 56 (0x0038) 

(7) - Echo Request - directly 

ETHERNET: ETYPE = 0x86DD : Protocol = Unknown 
IP6 : Routing (1 left of 1); Proto = ICMP6; Len = 64 
IP6 : Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6 : Flow Label = 0 (0x0) 

IP6 : Payload Length = 88 (0x58) 

IP6 : Next Header = 43 (Routing Header) 

IP6 : Hop Limit = 63 (0x3F) 

IP6 : Source Address = 3f f e : 3103 : 0 : 10 : 260 : 8f f : f e46 : 46e7 
IP6 : Destination Address = 3f f e : 3103 : 0 : 9 : 201 : 2f f : f e2a : 93b9 
IP6 : Routing Header 

IP6 : Next Header = 58 (ICMP6) 

IP6 : Length = 2 (0x2) 

IP6 : Type = 0 (0x0) 

IP6 : Segments Left = 1 (0x1) 

IP6 : Reserved 
IP6 : Route 

IP6: Address = 3f f e : 3103 : 0 : 8 : 201 : 2f f : f e2a : 93b9 
IP6 : Payload: Number of data bytes remaining = 64 (0x0040) 

ICMP6 : Echo Request; ID = 64548, Seq = 6144 

ICMP6 : Checksum = 0x983B (ERROR: should be 0x983A) 

ICMP6 : Type = 128 (Echo Request) 

ICMP6: Code = 0 (0x0) 

ICMP6: Identifier = 64548 (0xFC24) 

ICMP6 : Sequence Number = 6144 (0x1800) 

ICMP6 : Data: Number of data bytes remaining = 56 (0x0038) 

(8) - Echo Reply - directly 

ETHERNET: ETYPE = 0x86DD : Protocol = Unknown 
IP6 : Dest Opts; Proto = ICMP6; Len = 64 
IP6 : Version = 6 (0x6) 

IP6 : Traffic Class = 0 (0x0) 

IP6 : Flow Label = 0 (0x0) 

IP6 : Payload Length = 88 (0x58) 

IP6 : Next Header = 60 (Destination Options Header) 

IP6 : Hop Limit = 64 (0x40) 

IP6 : Source Address = 3f f e : 3103 : 0 : 9 : 201 : 2f f : f e2a : 93b9 
IP6 : Destination Address = 3f f e : 3103 : 0 : 10 : 260 : 8f f : f e46 : 46e7 
IP6 : Destination Options Header 
IP6: Next Header =58 (ICMP6) 

IP6 : Length = 2 (0x2) 

IP6 : Padding (4 bytes) 

IP6: Type = 1 (PadN) 



IP6 : 00 = Skip option if not recognized 

IP6 : ..0 = Option data does not change enroute 



IP6 : Length = 2 (0x2) 

IP6: Data = 00 00 
IP6 : Home Address Option 
IP6: Type = 201 

IP6 : 11 = Discard packet if not recognized, and send ICMP if not multicast 

IP6 : ..0 = Option data does not change enroute 

IP6 : Length = 16 (0x10) 

IP6: Home Address = 3f f e : 3103 : 0 : 8 : 201 : 2f f : f e2a : 93b9 
IP6 : Payload: Number of data bytes remaining = 64 (0x0040) 

ICMP6 : Echo Reply; ID = 64548, Seq = 6144 

ICMP6 : Checksum = 0x973B (ERROR: should be 0x973A) 

ICMP6 : Type = 129 (Echo Reply) 

ICMP6: Code = 0 (0x0) 

ICMP6: Identifier = 64548 (0xFC24) 

ICMP6 : Sequence Number = 6144 (0x1800) 

ICMP6 : Data: Number of data bytes remaining = 56 (0x0038) 
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Despite the MIPv6 protocol not yet being an RFC, there are many implementations 
for different platforms, either free or for commercial purposes. Because of its simplic- 
ity of use and configuration, we used a free Linux platform and the MIPL MIPv6 
(draft 15) implementation, from the University of Helsinki [9]. 

MIPv6 is expected to be a powerful ally of all kind of wireless IP communication 
systems and services. Future WLAN (starting to be deployed in large scale across the 
world) and UMTS Release 5 all-IP integrated networks (not yet available, mainly due 
to the inertia from the circuit-switched GSM inheritance) are going to be powered by 
MIPv6 technology. Mobile IPv6 is well suited to managing multi-technology mobility 
in future beyond 3G networks. 

There are still some issues to be addressed in Mobile IPv6 mobility management. 
Conventional Mobile IPv6 handovers use a “break-before-make” strategy. Thus, this 
kind of handover causes an interruption time and packet loss that result in noticeable 
glitches in, e.g. real time communications like Voice over IP (VoIP) or video confer- 
encing. Therefore this approach is insufficient in order to achieve end-to-end QoS 
guarantees in mobile environments. A new approach is being defined by the IETF 
which uses the “make-before-break” strategy - Fast Handovers. It is based on keeping 
the mobile node simultaneously connected to both access routers while executing a 
handover, by way of a packet duplication (bicasting) mechanism. 

With Fast Handovers, an additional message flow between the mobile node and the 
network access points is defined. The packet loss is decreased by a temporary bicast- 
ing mechanism that duplicates all packets destined for the mobile node and delivers 
them simultaneously to the old and the new access points. This way, assuming some 
overlapping in the coverage of both access points, the mobile node is always con- 
nected to at least one of them and almost no packets are lost. This strategy has the 
potential to deliver few-millisecond handover times, rendering the handovers seam- 
less for real time applications and the mobile user. Fig. 4 illustrates the Fast Handover 
concept. 

We are currently testing a Fast Handovers implementation [8] in our test bed and 
plan to have results in a short time. 




Mobile Node 



Fig. 4. Illustration of Fast Handovers in MIPv6 
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2 Wireless Networks beyond 3G 

Third generation wireless networks, like UMTS, CDMA2000 and Japan’s I-mode, 
represent a significant step forward in terms of bit rates and multimedia services. 
Some work is also being done in designing alternative radio technologies that could 
be able to support even bigger bit rates and wide coverage. An example is the Euro- 
pean project Samba [1], that has designed a broadband mobile communications plat- 
form operating up to 34Mbits/s. What makes these systems deserve a new generation 
name is undoubtedly its multimedia-oriented nature. Efforts are being made to de- 
velop and standardise new aspects of third generation telecommunication networks 
which will likely improve current specifications in terms of IP convergence. The most 
significant aspect is that of the change in Core Network philosophy to an all-IP net- 
work. Future UMTS and beyond third generation networks intend to use IP to bear all 
services, even real-time and traditional circuit-switched traffic, like voice, will be 
carried over IP, using the Session Initiation Protocol (SIP [2,3]). 

However, 3G systems are still far behind wireless users’ expectations. Total ser- 
vice integration with the Internet, real-time multimedia and broadband access are still 
a promise for future beyond 3G networks to deliver. 

Researchers and vendors are expressing a growing interest in 4G wireless networks 
that support global roaming across multiple wireless networks. With this feature, 
users will be able to access different services, have increased coverage, have the con- 
venience of utilising a single device, receive a common bill and gain more reliable 
wireless access, even with the failure or loss of one or more networks. The transparent 
conjunction of various wireless technologies into a single mobile terminal can further 
boost the wireless explosion. The vision is to create a unified wireless networking 
environment, utilising, in a seamless manner, multiple and different wireless tech- 
nologies. It is envisaged that the mobile terminal freely roams between wireless net- 
works of the same type and automatically switches to a wireless network of a differ- 
ent type, whenever a need to do so arises. 

One of the most challenging problems is how to access several different mobile 
and wireless networks through a single terminal, equipped with multiple wireless 
interfaces. A primary question that has to be answered is which wireless interfaces 
could be used for this kind of mobile terminal? Given the wide market acceptance of 
the GSM/CDMA, GPRS/UMTS/CDMA2000 and IEEE 802.11 (Wireless LAN - 
WLAN) technologies, as well as their differential strengths and limitations, with re- 
spect to coverage area and bandwidth, the aforementioned technologies may be the 
best candidates. 

Additionally, supporting QoS in 4G networks is another major challenge, due to 
varying bit rates, channel characteristics, bandwidth allocation and handover support 
among heterogeneous wireless networks. The provisioning of adequate end-to-end 
transport services in an all-IP-based communications scenario where (1) the support- 
ing access networks are wireless and varied, (2) core networks may or may not pro- 
vide QoS support, (3) applications demand differentiated transport services and (4) 
terminals are moving between access networks, is a complex, open and challenging 
problem. 

This problem can be first addressed from the IP QoS (packet switched) point of 
view. The network elements dealing with IP (e.g. hosts, core routers, IEEE-802. 1 Ib 
associated router, GGSNs, terminal equipment) need to cooperate and manage their 
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packet queues, so that the packets generated by the applications can be transported 
with some guarantees or differentiation. The two well-known approaches for IP deal- 
ing with quality of service are integrated (IntServ [21]) and differentiated (Diff- 
Serv [22]) services. 

The IntServ approach aims to provide packets with a maximum transfer delay be- 
tween a source and a destination. When, for instance, a client process needs to send a 
sequence of packets (flow) to a server process and these packets require a known 
maximum delay, some resources must be reserved at every IP network element. The 
terminal, typically using RSVP, issues a message to the first router indicating the 
traffic characteristics of the flow. 

The DiffServ approach reuses the old ToS field of the IPv4 header, renaming it to 
DSCP (Differentiated Services Code Point). Packets at the entrance of an IP domain 
have this field marked, according to some policy. The scheduler associated to a router 
output port or to the network interface of a terminal, uses this field to prioritise pack- 
ets, so that each class of packets gets a different share of the output link bandwidth. 
DiffServ is more easily implemented than IntServ in IP nodes and can be used in 
independent IP clouds. 

The wireless access networks addressed are perceived from IP as a link layer tech- 
nology. From the QoS point of view, and besides the maximum bandwidth available, 
there are no major differences between UMTS, GPRS or WLAN. 

Despite some technologies that comprise some QoS mechanisms at the transmis- 
sion layer, like GPRS or UMTS, currently available WLAN technologies, like IEEE- 
802.1 lb, don’t provide such support for QoS. 

One of the most promising protocols to support interactive services and user- 
mobility in 4G networks is the Session Initiation Protocol [2, 3]. SIP has been de- 
veloped by the lETE and is being adopted by other bodies such as ETSI and 3GPP. 
The protocol accomplishes establishment and control of sessions among mobile users. 
To enable multimedia communication, the protocol is quite generic and puts no limi- 
tations on types of sessions supported. It can be easily used to set-up and maintain 
telephone calls, distributed virtual reality scenarios, teleconferences, multiparty 
games, etc. To accomplish global mobility of users, a global e-mail like address is 
used for identification proposes and users are being registered with location servers as 
they move, in a fashion similar to the GSM Location Registers. 

SIP also provides means with which users can specify and negotiate their expecta- 
tions from sessions. This is a very important issue when using it on heterogeneous 
mobile environments, like the ones mentioned above. SIP has been designed for 
Internet-wide deployment. With its stateless working mode it is resistant against fail- 
ures. Multicasting support allows managing sessions with a large number of partici- 
pants. 

In order to meet expectations, beyond 3G wireless networks must span multiple 
technologies, offer real-time broadband services and converge to an all-IP architecture 
with integrated QoS and AAA support. A reference network architecture for be- 
yond 3G is defined by the 1ST Moby Dick project [17], which can be extended to 
integrate future wireless technologies (see Fig. 5). 
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Fig. 5. The Moby Dick architecture 



3 The Test Bed 

The MIPv6 test bed at PT Inova^ao, described in Fig. 6, is comprised of several IPv6 
networks, using Ethernet and IEEE 802.11b Wireless LAN technology. Specifically, 
there are four networks, the home and foreign networks, the correspondent node’s 
network and an intermediate network. Every network node (router) and service soft- 
ware uses open source implementations, publicly available on the Internet and is 
based on the IPv6-ready Linux operating system. The mobile node is a laptop PC 
running client software, equipped with a Wireless LAN card and an Ethernet card. 




Fig. 6. PT Inova^ao MIPv6 test bed 
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The Mobile IPv6 implementation for Linux (MIPL version 0.9) is from the Hel- 
sinki University of Technology (HUT) [9]. A number of servers provide real-life IPv6 
applications for the mobility tests. These include a video conferencing server (vie 
[10], over UDP), an audio streaming server (IPv6-patched icecast [12], over HTTP), a 
web server (IPv6-patched Apache [13], HTTP) and a unified messaging server (IPv6- 
patched Jabber [11], HTTP). We are also connected to the 6bone [14] and have a 
native IPv6 DNS server with AAAA records, integrated with the 1ST LONG project 
[19]. 

There is one IEEE 802.11b access point on the Mobile Node’s home network and 
another on the foreign network, with overlapping coverage in order to minimise 
handover problems. 



4 Experiments and Results 

After setting up the test bed IPv6 networks with Linux routers, Ethernet cabling, 
802. 1 lb access points and the mobile node, we installed the MIPL Mobile IPv6 mod- 
ule and tested mobility between home and foreign networks with a ping command 
between the mobile node (MN) and the correspondent node (CN). Mobility tests in- 
cluded all-wireless handovers (between home and foreign access points), WLAN to 
Ethernet handovers and all-Ethernet handovers, always roaming between home and 
foreign networks. All these tests were successful, since the mobility management 
software succeeded in making the MN’s point of attachment static from the viewpoint 
of the ping application and transparent to the user. Router advertisements were con- 
figured to the minimum supported average time interval (0.5 seconds), in order to 
reduce the chances of loosing packets during handovers. As these first tests used 
ICMP Requests with a periodicity of 1 second, few or no packet loss was detected. 

We then moved forward to experiments with other IPv6 services available on the 
test bed. These involved the Unified Messaging service, the HTTP audio streaming 
service and the video conferencing application. 

Using the MN as a Jabber client, and installing a Jabber server on the HN, we ex- 
changed messages while roaming between the HN and the FN. No problems were 
found with this service. All exchanged messages reached the destination. This is how- 
ever the most “peaceful” service, since only best-effort traffic is generated. 

For the case of the audio streaming service, we installed and configured an icecast 
streaming server on the HN and again client software in the MN (xmms with IPv6). 
When moving from/to the FN with WLAN coverage, a large percentage of the hand- 
overs ran smoothly, with no interruption in the audio playback at the MN. Sometimes, 
however, the HTTP connection was lost. Since HTTP runs over TCP and a substantial 
bit rate was in use (144 kbits/s) some larger interruption times were enough to break 
the HTTP stream because of the packet loss. This was equally observed on 
WLAN-Ethernet and Ethernet-Ethernet handovers. Pre-buffering is the key factor that 
makes this application cope with most handovers. 

The video conferencing tests used a camera installed on the CN, together with the 
vie application on both the CN and the MN. Video captured from this camera was 
sent over UDP to the MN. A visual evaluation of the video stream during WLAN- 
WLAN handovers showed a typical interruption time of 1 - 2 seconds. Similar values 
were obtained with the other types of handover. 
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In order to get a confirmation of handover times, we used the ping application with 
0.01 s intervals between Requests and sniffed the packets using ethereal [20]. Hand- 
over times were measured as being the time from the last Echo Request replied by the 
MN’s current address (Home or Care-of) and the first one replied by the MN’s new 
address. Results were highly variable, between 300 ms and 4.5 s, with an average of 
1.67 s. 

5 Conclusions 

Through a set of experiments with MIPv6 in our test bed, we verified the protocol’s 
ability to manage mobile users in heterogeneous networks. 

In general, the tested version of the MIPL MIPv6 stack works as it should, manag- 
ing mobility for the tested applications. 

For real-time applications (like vie [10]), handover times are too large. In future 
commercial networks, it doesn’t make sense to flood the access networks with router 
advertisements, in order to reduce handover times. The limitations encountered with 
handovers and real-time applications are a consequence of the way Mobile IPv6 
handovers are implemented, and can only be solved using Fast Handovers strategies. 

For streaming applications using TCP, like icecast, it is still possible to have seam- 
less handovers with MIPv6 as long as the pre-buffering is sufficient to compensate the 
interruption time. UDP flows are less likely to cause breakdown of streaming applica- 
tions due to handovers. 

Next steps in this work include: 

• testing of newer MIPL MIPv6 stack versions; 

• experimenting with Fast Handovers implementations like [8] and comparing the 
results to traditional MIPv6; 

• using a handheld mobile node, closer in dimensions to future mobile terminals; 

• testing SIP voice/video services with MIPv6; 

• using translation mechanisms (NAT-PT) for MIPv4-MIPv6 transition testing; 

• integrating other wireless access technologies, like GPRS, UMTS, 802.11a in 
our test bed, testing inter-technology handovers and analysing QoS issues. 
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Abstract. In order to construct a cellular data network for the next generation 
mobile communication service, IP layer mobility support becomes essential. IP 
layer mobility support such as Mobile IP(MIP) is suitable for the global 
Internet environment. However, when we use MIP infrastructure for the 
cellular data network, we must consider the fast hand-over for rapid data 
transfer, and load balancing problem due to the location changes. In order to 
solve these problems. Mobile IP Working Group is suggesting some 
architectures supporting micromobility. In this paper, we define a cellular data 
network that supports micromobility, and we design a cellular packet network 
structure considering the micromobility. The proposed network and the design 
of Mobile IP extension support seamless regional registrations in multi-level 
hierarchical topology. They accept the differential mobility management 
strategy as well. 



1 Introduction 

The current activity of Mobile IP WG is mainly focus on deployment issues and 
acceptance of wireless environment [1]. However, from the practical point of view in 
deploying the IP based wireless network, there is no agreed opinion on adopting 
which functional entities with physical entities of wireless IP network. Since Mobile 
IP has an architecture supporting IP layer mobility in the global Internet environment, 
we need some modification and optimization of mobile IP mechanism to develop the 
wireless network with mobility management and fast handoffs. These issues are 
currently covered in Mobile IP WG & Seamoby WG of IETF. In this paper, we 
consider these problems when we adopt Mobile IP for the next generation wireless IP 
network. And we design architecture applicable for the next generation wireless IP 
network by modifying Mobile IP to solve the above problems. Proposed architecture 
has the advantage of reduced mobility control cost and the better scalability using the 
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hierarchical regional registration mechanism. The defined mobility management 
scheme stated in this paper also shows the reduced resource usage. 



2 Related Research 

Wireless IP network for the next generation mobile network is now standardized by 
3GPP and 3GPP2, which took part in the standardization of IMT2000 system and 
All-IP system by suggesting GPRS [2] [3] and Wireless IP Packet Network [4] 
respectively. The core packet networks of these architectures are composed of pure 
packet switching infrastructure. They also define mobility management states for the 
mobility controls. On the other hand, Mobile IP WG is developing mobility 
management protocols, which support the signal load balance. MIP WG also tries to 
improve the performance through some micromobility management schemes such as 
HAWAII (Hand-off Aware Wireless Access Internet Infra), Cellular IP, and RR 
(Regional Registration). In this chapter, we briefly describe such architectures. 

Mobile IP [5] uses mobility agents such as HA (Home Agent) and FA (Foreign 
Agent). These agents have location information of MN (Mobile Node) to track the 
current location of MN. Even though Mobile IP works well in the LAN environment, 
especially in the non-real time environment, it is not suitable for the real time 
sensitive wireless access networks with frequent handoffs. Since wireless access 
network may have a great number of MN’s and it should cover the geographically 
large areas, it needs different mobility control schemes and mobility management 
states for fast handoffs with efficient resource usage. This can prevent MN from not 
receiving the continuous service due to the signal process delay. Seamless service for 
the roaming users is critical for the wireless Internet service. Micro Mobility does 
support mobility management in fine granularity inside one BS domain. As a result, 
micromobility processes the fast handoffs resulting in the efficient mobility control, 
better scalability and the high throughput[6]. 

There are three main architectures supporting micro mobility as following. 
Cellular IP [7] [8], HAWAII [9], Regional Registration [10] are all based on the basic 
MIP. Among these three architectures. Cellular IP supports micromobility using 
special node called cellular IP node that serves paging function and routing function 
by maintaining a paging cache and a routing cache. In order to support the macro- 
mobility, Cellular IP interacts with Mobile IP. To support micromobility in RR, each 
FAs only manages the lower hierarchical mobility agents. So FAs do FA’s role 
sometimes and do the HA’s roles some other times. It is optimized for the two-depth 
hierarchy not multi depth. HAWAII is very similar to Cellular IP supporting 
micromobility and mobility management states [11] except for using cross node for 
mobility management. Cross node based mobility management results in preventing 
signal convergence into Domain Root Router, which is similar to the gateway of 
Cellular IP. 
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Mobile Host 




Fig. 1. Generalized network architecture 



3 Design of Network Supporting Hierarchical Registration 

3.1 Network Architecture 

Figure 1 depicts the generalized network architecture. It has vertically hierarchical 
structure from BS to Gateway acting as a connection point with Internet. Also, all IP 
routers between gateway and BS have the function of FA and HA , that are called as 
Agent. Such IP router can have only one physically linked upward agent and have 
one or more downward agents. BS must have wireless interface to communicate with 
MN and wired interface to communicate with Agents. It acts as a FA for MN. Paging 
agents send paging messages in paging areas depending on MN’s mobility 
management states. 



3.2 Operation Flow 

We describe overall processing procedure of the proposed architecture with the newly 
defined extended message formats. Figure 2 depicts the overall processing flows. 

Agent Advertisement 

In this architecture MN must register its location hierarchically from BS to the 
gateway. So some modifications are needed to make MN to register hierarchically. 
COA(Care of Address) field in the Agent advertisement message is extended to the 
hierarchical COA field. Hierarchical COA field has vertically hierarchical Agent list 
from BS to Gateway. This helps MN to register from BS to Gateway sequentially. 
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Newly defined message format is shown in figure 3. The ‘L’ field in the option field 
is set to distinguish the normal advertisement from the hierarchical advertisement. 

New Base 

Mobile Base _ , Intermediate Intermediate Paging Gateway 

Host Station ^ Agent Agent Agent Agent 



Initial registration > 



Host movement-^ 
Regional registration-^ 



Fig. 2. Registration Procedure flow 




Fig. 3. Agent Advertisement message format 



Initial Registration 

Initial Registration is same as full path Registration. Figure 4 depicts the procedure 
for the initial registration. First, MN receives agent advertisement and then checks 
whether ‘L’ field is set or not. If ‘L’ field is set, MN fetches all the COA contents and 
stores in the memory in sequence. After that, MN prepares registration message. But 
this registration message is somewhat different from the normal Mobile IP 
registration message. The first COA of the agent advertisement is set to COA of the 
registration message. And the second COA of the agent advertisement is set to HA 
field of the registration message. The rest of COAs of the agent advertisement must 
be made of COA extension message. COA extension message prevents loss of 
successive COA-HA information, so it helps intermediate agents with processing 
registration continually. If we don’t have COA extension message, only one depth 
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Fig. 4. COA extension message format 

registration can occur due to the loss of next depth COA-HA information. We define 
such a COA extension message as follows. Message format is consisted of typical 
TLV format. 



Agent Process 

If there is a COA extension message following the registration message when an 
agent receives registration message, agent continues to register with upward agents 
using COA extension message. If there is no COA extension, the receiver of the 
registration message will be HA and it is the Gateway of the architecture. Gateway 
ends up the registration. Agent adds entries to binding list for MN based on the 
registration message, and then returns registration replay message to downward 
agent which has issued the registration request. Agent needs to continue to pass out 
the registration request. In order to do this, agent fetches first COA from COA 
extension message and sets it into the HA field of the registration request message. 
Also, the address of agent itself becomes COA of that message. And then sends it to 
upward agent which does the roles of HA’s. 

Regional Registration 

The proposed architecture allows regional registration in a hierarchical environment. 
This regional registration must occur always after MN’s initial registration. In a 
situation that MN is moving around BS’s, MN receives agent advertisement 
messages. In the mean time, MN compares the currently received hierarchical COAs 
with pre-stored old hierarchical COAs. The different portion of COA information 
means it needs regional registration. If all COAs are different except for the last 
gateway address between new and old COAs, it is perfectly same as the initial 
registration. Intermediate agent procedures are same as the initial registration 
procedure. The only difference is MN’s action. MN needs to make COA extension 
message based on the difference between the old and new COA field of 
advertisement message. 



3.3 Mobility Management Scheme 
Lifetime Expiration Problems 

In the Basic Mobile IP (RFC2002), binding list of HA only depends on the MN’s 
registration. Soft state timer maintains such binding list. So as to keep alive, MN must 
continue on sending registration message before lifetime expires. But, regional 
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registration do not allow registration message to reach to the upward agent, if 
possible, to save signal and fast handoffs. Because of this, some agents have valid 
lifetime for the MN and some agents don’t. This lifetime inconsistency makes upward 
agent discard packets for active MN. In order to solve this problem, we can send 
registration message periodically before it expires, but this makes the entire signal 
information floods over the system. It doesn’t meet our system design goals. Instead, 
we use parallel timer system for MN in the binding list of agent. There are two timers 
called active state timer and standby state timer. They operate separately. Standby 
state timer synchronizes all the lifetime value of agents related with the MN. And also 
has greater timer value than the timer value of active state timer. As we send a special 
message which can reset the standby state timer periodically from BS to Gateway, all 
the agent related to the MN can decide whether MN is alive or not. This prevents 
intermediate agents from dropping packets even MN is alive. These two-timer values 
can be set by the administrative value of the system. Too small-timer values can make 
system act instantly, but make too many signal flooding. In the opposite way, too big- 
timer value profits to the system loads but makes slow topological convergence. 



Standby state refresh message 




Mobility Management Scheme 

We set three mobility management states to reduce the number of signals of the 
system and it saves the resources. And we also define the extended messages to 
inform each state on the system. The first is Active state. Active state is set when 
Active state timer values are valid. It means that packet sending/receiving is active. It 
occurs within a small time value that the system sets as an active time value on the 
system. In the system. Active state MN’s location must be maintained by the exact 
cell units so as to transfer packets correctly. The second is Standby state. It is set after 
expiration of active state timer value and Standby state timer is valid. It means 
packets transfer is not currently occurs but, MN’s location need to be tracked for the 
possible traffic to the MN. The third is Null state. It is set only when the above two 
state timers are expires. System cannot track the MN’s location. 
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Fig. 6. Paging request and paging response 



Paging 

Paging is used to awake MN in the Standby state. It makes Standby state move to 
Active state so MN can receive packets from upward agents. Figure 6 depicts Paging 
processing. BS must belong to one Paging area. One of the intermediate agents acts 
as a paging agent. For the MN, the location information from Gateway to Paging 
agent must be maintained but from Paging agent to BS needs not to be maintained. 
Instead Paging agent must do paging over the paging area dynamically to know the 
exact path to MN to transfer packets. We need also modify the message and 
extensions. It can be similar to the registration request message except that the timer 
value is not active lifetime but standby timer value. This message is used in two 
cases. The first is when MN is moving between Paging area, and when MN needs to 
keep consistent standby timer value through BS to Gateway, it sends out the message 
periodically. We summarize the proposed architecture and related architecture in 
Table 1. It shows the comparison with the proposed architecture. 



Table 1. Architecture characteristics of different schemes 
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4 Performance Evaluation 



This chapter shows performance in the viewpoint of signal load balancing and 
handoff reaction time through the comparison. We set comparable targets as related 
architecture as Basic MIP, Cellular IP and HAWAII. We assume a full binary tree as 
hierarchical system architecture. Also we assume a root node as Gateway and leap 
nodes as BS like routers. The number of nodes of a tree with depth n is 2""^'. If we 
suppose that just one MN is moving around to the next adjacent BS, the probability 
for the Gateways to process the signal and the number of nodes participating in 
processing the signal must be different in each system. In case of Basic Mobile IP, the 
number of Cellular IP Nodes that process MN’s signal (which means overall system 
load) can be computed as follows 

Probability of Gateway (HA) processing =1, 

As the number of depth increases, this value doesn’t change, maintains a constant 
value of 1 . 



In case of proposed Architecture and HAWAII, 

The number of nodes processing MN’s signal (which means overall system load) 




, where n=Depth of the tree 



The number of nodes processing the MN's signal means the overall system load. And 
we use this system load as a performance factor for the comparison. 

Probability of Gateway (HA) processing 

_ J_ 



As the number of the depth increases, the system load reduces dramatically in our 
proposed scheme. Figure 7 shows the overall signal load over Gateway based on the 
above formula. The more nodes exist, the less Gateway get signal from the MN. This 
graph only accounts for Active state MN. 

Figure 8 shows the average handoff reaction time for moving MN. We assume one 
MN moves among BS’s in a constant speed. It simply moves 1 BS hop in one second. 
In case of Basic Mobile IP, as the level of depth increases, the reaction time also 
increases. In case of the proposed architecture, the more the depth, the worse the 
agent-processing delay, but the local registration scheme reduces the number of 
signals to the top. This results in the reduced handoff reaction time as you can see 
curved line in Figure 9. As we can see from the above result, the proposed 
architecture is better for load balancing, as more routers are used. It has much more 
scalability than other architecture and can be operated with Mobile IP based message 
with some simple modification. 
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5 Conclusion 

In this paper, we proposed wireless access core network architecture that enables fast 
mobility management for next generation wireless network. We designed a cellular 
data network supporting micro mobility, then we defined a suite of modified Mobile 
IP message format that can be used within the proposed architecture. The proposed 
network architecture and the modified Mobile IP extension design supports seamless 
roaming in the hierarchical regional registration and they admit the classified mobility 
management states. In order to get these goals, we design the modified Mobile IP 
message format, network architecture with composing nodes, set-up process of each 
nodes, and classified mobility management states characterized by using parallel 
timers composed of active and standby timers. This architecture shows efficiency in 
reducing the control messages so that can be used in the next generation wireless core 
network. But, the proposed architecture is not effective on every aspect. As it needs 
capsulations/de-capsulations [12] on every hop, it produces more processing delay. 
We will make our effort to solve this problem in the future. 
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Abstract. The Internet Engineering Task Force (IETF) Mobile IP 
working group has proposed the Mobile IP to support that an MH has 
the ability of roaming around a foreign domain. However, when it roams 
around a foreign domain, the authentication, authorization and account- 
ing (AAA) for an MH must be done by the foreign domain. For this rea- 
son, the IETF suggests that the existence of some server capable of per- 
forming authentication, authorization, and accounting (AAA) services 
could help. So in this article we propose that employing simultaneously 
the public key cryptosystem and symmetric cryptosystem to accomplish 
the mission of Mobile IP registration for AAA. 



1 Introduction 



Within the Internet, a mobile host (MH) belonging to one administrative do- 
main (the home domain) may often roam around a foreign domain, expecting to 
seamlessly access the resources or services at any time and anywhere. To offer 
those resources and services, the Internet Engineering Task Force (IETF) Mobile 
IP working group has proposed the Mobile IP IHIUlOllTl . In a foreign domain, 
an MH needs to be authenticated first in order to get authorized services ac- 
cording to the authorization policy, and then to pay for the services. The IETF 
suggests that this can be done with the help of a server capable of performing 
authentication, authorization, and accounting (AAA) j4l,6l6l 1 3] . 

In this paper, we will propose a solution to Mobile IP registration for AAA. 
Our proposal is based on \‘2i \ and employs simultaneously the public key cryp- 
tosystem and symmetric cryptosystem to not only arrive at secure, integrated 
registration of the Mobile IP, but also reduce the complexity of the computation. 
Besides, in order to prevent the MH from being impersonated, we also suggest 
that the binding message be sent to the HA by MH. 

The rest of this paper is organized as follows. Session 1 presents an overview 
of the Mobile IP joining forces with the AAA basic model, complete with its 
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requirement. Session 2 presents our solution to the Mobile IP registration for 
AAA. Session 3 presents the security analysis of our solution. Finally, this paper 
is to be concluded in Session 4. 

2 Related Works 

2.1 The Mobile IP Joins with AAA Basic Model 

Within the Internet, an MH belonging to one administrative domain (the home 
domain) may often roam around a foreign domain and need to use resources 
provided by the foreign domain. It needs to provide some credentials (such as 
identification, reply protection, and an unforgeable signature) authenticated be- 
fore the access to the resources can be permitted. Such requests must be dealt 
with by a foreign agent (FA) in the foreign domain. The FA consults a local 
authority in the same foreign domain (AAAF) for obtaining proof that the MH 
has acceptable credentials. 

The AAAF itself may not have enough information to verify the MH’s cre- 
dentials. However, it is able to complete the verification of the MH’s credentials 
with the help of the MH’s home authority (AAAH). The AAAF and AAAH 
have security relationship so that they can work together to enable the MH to 
access requested resources. This authorization commonly relies on the secure 
authentication of the MH’s credentials. 

As Figure 1 shows, there is a Mobile IP joins with AAA trust model. In this 
model, there are many FAs for each AAAF, and there might be many MHs from 
many different domains for each FA. Each home domain provides an AAAH that 
can check credentials originating from MH’s administered by that home domain. 
Furthermore, there are four security associations assumed. First, it is naturally 
assumed that the customer has a security association, namely SAi, with its 
AAAH. Second, since the authentication results, authorizations or accounting 
data may have to be securely tranfered between HA and AAAH, the AAAH and 
HA have to be trustworthy, and therefore it is assumed that there is a security 
association, namely 5^2, between them. Third, FA is assumed have a security 
association, S'Aa, with AAAF. Finally, the local authority (AAAF) needs the 
valid customer information of the visiting customer (MH) from the suitable 
authority, so the nodes in the two separate administrative domains (such as 
AAAH and AAAF) have a security association. 

2.2 The Requirements of Mobile IP Registration for AAA 

In |2I1 2| . some requirements are listed when the Mobile IP joins with AAA. 
These requirements are as follows: 

1. Between each FA and its local AAA server (AAAF), there must be a security 
relationship. 

2. The local authority (AAAF) needs to obtain some information of customers 
to validate customer credentials. Thus it must have security relationships 
with external authorities that are able to validate customer credentials. 
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Foreign Domain Home Domain 




MH 



Fig. 1. The Mobile IP joins with AAA trust model 



3. The FA must hold for pending customer requests while the local authority 
(AAAF) negotiates with external authorities. 

4. Until the MH’s credentials are confirmed, it is not likely to get service. Hence 
it must be able to provide complete yet unforgeable credentials without 
interacting with its home domain. 

5. The MH’s credential must be unforgeable, and thus any secret information 
involving the credentials must never be learned by intervening nodes (e.g., 
the FA or AAAF). 

6. The FA must be equipped with the ability to resist replay attacks need to 
be protected against by the FA. 

7. The FA must have the ability to handle requests from many customers at 
the same time. 

8. In order to handle as many customers as possible, the FA needs to replicate 
itself as many times as possible in the foreign domain. 

Except for these requirements, for the Mobile IP, the AAA server also has to 
accomplish the following general tasks: 

1. If the MH has been authenticated, authorize the MH to use the Mobile IP 
and specific services or resources. 

2. Initiate and enable the authentication for Mobile IP registration. 

3. Distribute the keys between the MHs and the mobility agents. 
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3 Our Solution 

In our proposal, an MH can join three kinds of registration. One is that the MH 
asks for entering an administrative domain. Second, when an MH which is a 
registrant of an administrative domain first arrives at a foreign domain, it must 
register with its AAAH and wait till the AAAF obtains the proof of that the 
MH is legal. Third, the MH must register when it micro-moves within the same 
foreign domain. 

3.1 Notations 

The following notations are used in our proposal: 

•PKa'. A’s public key 
•SKa'. A’s secret key 

•Ka-b' a common session key between A and B. 

• {M)K: encryption of message M under key K. 

•MAC{M, K): Message Authentication Code |3], calculated as a function of the 
message and the key. 

•Tmh- timestamps issued by MH, respectively. 

•NAI: Network Access Identifier, it has the following format: user@realm PCI- 

3.2 Initially Registration with AAAH 

If an MH wants to use services or resources within the Internet, it must provide 
its valid credentials to an authority. And those credentials have been obtained 
after the MH performing initial registration with an administive domain. As 
Figure 2 shows, the MH go through the processes as follows: 

(1) MH — >■ AAAH: {Registered information)PKAAAH 

If the MH want to ask for entering an administrative domain, it encrypts its 
registered information with AAAH’s public key and sends the cipher text to 
AAAH via HA. 

(2) AAAH: receiving (1) 

After confirming, AAAH will not only establish the MH’s account, the ci- 
pher text of the MH’s account with its secret key SKaaah, and a Message 
Authentication Code {MAC), but also distribute a common session key be- 
tween it and the MH, and a common session key between the MH and HA. 

(3) AAAH ^ HA: {Mi)PKmh, {M2)PKha, 

where the message Mi = M AC {account, Kaaah-mh), {account) S K aaah , 
Kaaah-mh and Kha-mh, and the message M 2 = Kha-mh 
The HA decrypts the message M 2 and forward {Mi)PKmh to the MH, then 
the HA is able to obtain a common session key between the MH and HA. 

(4) HA -A MH: {Mi)PKmh 

Receiving the message Mi, the MH obtains its account, MAC, a common 
session key between the MH and AAAH, and AAAH’s signature. As soon 
as the MH receives the registered outcome, it is allowed to use the services 
and resources within the Internet. 
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Fig. 2. The MH initially registers with AAAH 



3.3 Firstly Roaming at a Foreign Domain 

Within the Internet, an MH belonging to one administrative domain (the home 
domain) may often roam around a foreign domain, where it expects to seam- 
lessly access network services and resources at any time and anywhere. Thus the 
MH provides some credentials to be verified by network services and resources 
providers. As Figure 3 illustrates, an MH register with its home domain and the 
processes go through as follows: 

(1) MH — >■ F A\: registration request + M 3 , 

where M^= {MAC{account,KAAAH-MH),TMH)KAAAH-MH, 

{{account) SK AAAH ,Tmh)SKmh andMH's NAI 

The M 3 is the MH’s credential to be provided for authentication. 

(2) FAi -A AAAF : FAi forwards the message of (1) to AAAF 

(3) AAAF -A AAAH: Registration request + M 4 , 

where M^= {M AC {account, Kaaah-mh), Tmh)Kaaah-mh and MH’s 
NAI. 

In the operation, to support the MH firstly roaming around the foreign do- 
main, the AAAF itself may not have enough information to verify the MH’s 
credentials. Thus it must negotiate the verification of the MH’s credentials 
with the MH’s AAAH and route the MH’s request to the correct AAAH 
based on the realm part of MH’s NAI. 

(4) AAAH: upon receipt of (3) 

Verify MAC {account, Kaaah-mh) 

The MH’s AAAH will provide the proof of the fact that the MH has valid 
credential before confirming that the MH is its registrant. Thus it takes the 
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common session key between it and the MH, and the account part of N AI 
from the message in (3) to verify the MAC. If so, it provides the MH’s 
customer information and public key to the AAAF. 

(5) AAAH AAAF: Registration reply + {M^)PKaaaf, 

where the message M^= MH’s customer information, PKmh and 
lifetimcMH 

In this operation, the AAAH will send the MH’s customer information (eg. 
the MH’s authorization policy), public key and lifetime to the AAAF for 
verifying the MH. And the lifetime shows the period of time for which the MH 
has been registered with is the resistant of its home network. In other words, 
this lifetime also means the valid period of this MH’s customer information 
and public key. 

(6) AAAF: upon receipt of (5) 

Verify {{account) SK aaah,Tmh)SKmh 
G enerate KpAi-mh 

The AAAF takes the MH’s public key from the message in (5) to verify the 
MH’s signature. If valid, it will obtain the AAAH’s signature. At the same 
time, it must verify the signature with PKaaah and check the account in the 
signature to see if it equals to the N AI. After doing the above-mentioned 
of operations, it can confirm that the MH is valid. Then the AAAF will 
distribute a common session key, KfAi-mh to the visited F A\ and the 
MH. 

(7) AAAF ^ FAi: 

registration reply+{KFAi-MH)PKMH+{KFAi-MH)KAAAF-FAi 

(8) FAi -A MH: registration reply+ {K f Ai- m h)P K m h 

After confirming that the MH is valid, the F A\ will send the registration 
reply to the MH. 

(9) MH: upon of receipt of (8) 

MH -A HA: {bindingmessage, Tmh)Kha-mh 

The MH sends a binding message encrypted by the common session key 
Kha-mh shared between the MH’s HA and the MH to the MH’s HA for 
informing it of the MH’s location. 



3.4 Micro-move within the Same Foreign Domain 

When the MH micro-moves to F A 2 within the same foreign domain, the AAAF 
in the foreign domain has the proof that the MH has acceptation credential, so 
it needs not negotiate with the MH’s AAAH, and the MH only needs to perform 
the registration shown in Figure 4 and the operation as follows: 

(1) MH -A FA 2 : registration request+ {Mq)SKmh , 
where Mq= {{account) SKaaah,Tmh) 

(2) F A 2 -A AAAF: the message of (1) 

(3) AAAF: upon receipt of (2) 

Check the MH’s lifetime which has been received in operation 5 of section 
3.2. If valid, then verify {{account)SKAAAH,TMH)SKMH- 
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AAAF AAAH HA 



\(1) Registration request 
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\(2) Registration request 
+ Ms 



\(3) Registration request 
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((account) SKaaah 
Generate KfAi-mf 



|(7) Registration reply 
+(KfAi-mh)PKmh 
+ (KfAi-Mh)KaAAF-IfAi 



|(8) Registration reply 
A(K F A4- M h)PK M H 



(9) (binking message, Tmh )Kha\mh 



(4) Validate 

MAC(account, Kaaah- 


MH ) 


(5) Registration reply 
+ (MAPKaaaf 





,)SK^ 



Ms= (MAC(account, Kaaah-mh),Tmh)Kaaah-mh, 
((account)SKAAAH ,T mh)SKmh and MH's NAI 
Ma= (MAC(account,KAAAH-MH),TMH)KAAAH-MH and MH’s NAI 
Ms= MH’s customer information, PKmh and lifetimcMH 



Fig. 3. The MH firstly arrives at a foreign domain 



In this operation, the AAAF must firstly check the MH’s lifetime. If the time 
is not outdated, then it will verify the MH’s credential. Since the AAAF has 
the proof that the MH has valid credential, thus it has enough information 
to verify the MH. And the verification of the MH is performed as the MH 
first roamed into this foreign domain. Therefore, if the MH is trustworthy, 
the AAAF will distribute a common session key, KfAs-mh to the F A2 and 
MH. 

(4) AAAF ^ FA2: 

registration reply +(Kfa2-mh)PKmh + {Kfa2-mh)Kaaaf-fAs 

(5) F A2 — f MH: registration reply + (KfAs-mh)PKmh 

(6) MH: upon the reception of (5) 

MH -A HA: (binding message, Tmh)Kha-mh 

Similarly, the MH sends a binding message to the HA to inform it of its 
location. 
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MH 



FA2 



AAAF 



HA 



\(1) Registration request 
+ {Mq)SKmh 



\(2) Registration request 
+ {Mq)SKmh 



(3) Verify {(account) S Kaaah ,Tmh)S Km h 
Generate Kpao-mi' 



(4) Registration reply 

+ {kFA2-MH)KAAAF-FA2 
+ (Kf A2-mh)PKmh 



(5) Registration reply 
+ (Kfa2-mh )PKmh\ 



(6) (binding message,TMH)KH a-mh 



Me = ((account)SKAAAH ,Tmh) 



Fig. 4. The MH micro-moves in the same foreign domain 



4 Security Analysis 

Authentication 

When an MH roams around a foreign domain, it must be authenticated by the 
AAAF in the foreign domain after providing some credentials. The credential 
contains ((M AC (account, Kaaah -mh),Tmh)Kaaah-mh and ((account)SK 
AAAH, Tmh)SKmh- The (MAC(account, Kaaah-mh),Tmh)Kaaah-mh can 
be authenticated by the AAAH to confirm the MH is its valid registrant. Then 
the AAAF obtains the proof that the MH has acceptation credential and can au- 
thenticate the MH by verifying the credential ((account) S Kaaah, Tmh)SKmh- 
After receiving the registration reply, the MH must s end a binding message 
(binding message,TMH)KHA-MH to its HA. Because the common session key 
Kha -MH is only shared between the MH and the HA, the HA can be sure the 
binding message was sent by the MH. 

Replay attack 

When an MH roams to a foreign domain, it must provide a credential 
((MAC(account,KAAAH-MH),TMH)KAAAH-MH to be verified by the MH’s 
AAAH, and ((account) SK aaah,Tmh)SKmh to be verified by the AAAF. To 
protect them from the replay attack, the MH’s credential needs to have a times- 
tamp on it. Similarly, when the MH sends its binding message (binding message, 
Tmh )Kha-mh to its HA for its location information, the timestamp is added 
to the message to protect it from the replay attack. 
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5 Conclusions 

In this article, we have proposed a solution to the Mobile IP registration for 
AAA. Since the public key cryptosystem and symmetric cryptosystem are em- 
ployed in our solution, it can reduce the computation complexity. Besides, the 
credential indeed has such properties as authentication, unforgeablility and non- 
repudiation, and it is able to resist from the replay attack. 
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Abstract. In the globalization of mobile communication, the impor- 
tance of AAA(authentication, authorization, and accounting) service is 
rapidly increasing. The Mobile IP and EAP application of AAA (Di- 
ameter protocol) provide authentication, authorization, and accounting 
(AAA) services to a wireless network. For a robust and load-sharing ac- 
counting network for a Diameter-based AAA system, the current paper 
proposes an accounting network management function within the base 
protocol framework to interact between the AAA session and account- 
ing back-end session instead of the original (draft) integrated stand-alone 
AAA server framework. An authentication server is also proposed to per- 
form a load-balancing function in the accounting server network, which 
includes distributed accounting servers for transporting bulky account- 
ing records. The proposed protocol has advantages as regards network 
reliability and load management. Furthermore, the proposed protocol 
can be applied to wireless LAN AP as an AAA client network. 



1 Introduction 

Access to the Internet via mobile networks is expected to become a crucial part 
of the mobile service operator’s service area. Since mobility is the essential nature 
of mobile networks, a Mobile IP standard solution for use with the wireless Inter- 
net is being developed by the Internet Engineering Task Force(IETF)[l]. With 
Mobile IP, a mobile host is able to move from an IP sub-network to another, 
while maintaining an active connection with its home IP address. To obtain 
assurances of verification and payment in a foreign network, the Mobile IP ar- 
chitecture must support Authentication, Authorization and Accounting(AAA) 
services. Until now, the RADIUS(Remote Authentication Dial In User Service) [2] 
protocol has been used to provide AAA services to NAS, wireless LAN, and xDSL 
access. Yet, the traditional RADIUS model is unsuitable and unreliable for use 
with a roaming operation model. As such, the new AAA protocol. Diameter, 
has received great interest from the 3G communities and a Diameter protocol 
for Mobile IP is currently in the last draft stage for standardization by the IETF 
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as RFC documents [3] [5]. However, in AAA and related protocols [5] , as defined 
in the current standards, which constitute a fully operable protocol suite in a 
real environment, there are still accounting-structure problems (realm-based ac- 
counting, batch accounting, prepaid accounting, and others) that need to be 
solved and enhancements required for various wireless networks [4]. In the AAA 
framework, real-time accounting transfers are useful in environments where the 
timely arrival of information is required, such as when debit cards are used. 
Since the accounting mechanism in Diameter is based on real-time and usage, 
the accounting function needs to maintain and transport session-based account- 
ing records until the mobile user disconnects [4] . Since accounting processes are 
usage-sensitive and packet-loss-sensitive in Diameter, this can directly translate 
into revenue loss. Thus, since the accounting process must be robust to network 
failure, a duplicated accounting server approach may be needed. The authenti- 
cation and authorization functions only occur during the network access time, 
then the system load of AAA (Authentication, Authorization, and Accounting) 
usually determines the accounting process thereafter. The management of the 
accounting function allows a Diameter server, which maintains a robust AAA 
session, to provide a stable service. Accordingly, to support a robust accounting 
network, the current paper introduces a separate accounting network framework 
and accounting network management function within the base protocol frame- 
work to interact with the authenticated session and session of another accounting 
server, instead of the original integrated stand-alone AAA framework. In an in- 
tegrated stand-alone AAA server, an authenticated session can be blocked due 
to a few trivial accounting problems, such as RDBMS storage faults. The re- 
mainder of this paper consists of a brief introduction to the AAA protocol in 
Chapter 2, the architecture of the proposed AAA in Chapter 3, and some final 
conclusions in Chapter 4. 



2 AAA(Diameter) Protocol 

The Diameter’s Mobile IP application allows an AAA server to authenticate, 
authorize, and collect accounting information for a Mobile IP service rendered 
to a mobile node. The major differences between Diameter and RADIUS include: 

— Peer-to-peer nature 

— Explicit support for intermediaries 

— Connection-oriented versus connectionless 

— Extensibility 

— Built-in fail-over support 

— Larger attribute space 

— Bit to indicate mandatory status of data 

— Application-layer ACKs and error messages 

— Unsolicited server messages 

— Peer discovery 

— Negotiation capabilities 
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Foreign Network Broker Network Home Network 




Fig. 1. AAA with Mobile IP Model 




Fig. 2. AAA Application and the Protocol 



The AAA infrastructure verifies the user’s credentials and provides a ser- 
vice policy to the serving network for which the user is authorized. The AAA 
infrastructure can also provide a reconciliation of charges between the serving 
and home domains. In the model in Figure 1, the AAA server authenticates, i.e. 
authorizes the mobile node (once its identity has been established) to use Mobile 
IP and certain specific services in a foreign network, and takes account of the 
usage information. 

The basic concept in the Diameter AAA standard is to provide a base pro- 
tocol framework that can be extended to provide AAA application services to 
various access networks. The base protocol provides a common functionality to 
a set of applications, such as the capability for negotiation, delivery of command 
codes(Messages), peer link management and fault recovery( Watch dog), user 
session management, basic accounting functions, and others. The application 
protocols of the AAA standard have been built with massive scaling, flexibil- 
ity of comprehensive attributes, and incorporated applicable level accounting 
support for each application service. The application of NASREQ(EAP), CMS, 
Mobile IPv4, Mobile IPv6, and IP-based multimedia and others is shown in Fig- 
ure El The Foreign(serving) authentication server(AAAF) requests proof from 
the external home authentication server(AAAH) that the external mobile node 
has acceptable credentials for the Mobile IP registration process. Figure 3 illus- 
trates the Mobile IP registration and AAA protocol message flow j41bl6] . The Mo- 
bile IP registration message (RRQ) from the mobile node is sent by FA through 
the AAAF(and through the AAAB) to the AAAH server. The FA translates 
the Mobile IP registration protocol into the Diameter protocol and transports 
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RRQ : Registration Request message 
RRP : Registration Repiy message 

AAAH : Authentication, Authorization and Accounting Server in Home Network 

AAAF : Authentication, Authorization and Accounting Server in Foreign Network 

AAAB : Authentication, Authorization and Accounting Server in Broker Network 

AMR : AA-Mobile-Node-Request (AMR) message 

AMA : AA-Mobiie-Node-Answer (AMA) message 

HAR : Home-Agent-MIP-Request (HAR) message 

HAA : Home-Agent-MiP-Answer (HAA) message 

Fig. 3. Mobile IP Registration and AAA Protocol 



the message to the AAA server. The subsequent procedures of authentication 
and authorization are shown in Figure El The accounting function must main- 
tain and transport the session-based accounting records until the mobile user 
disconnects m 

3 The Architecture 

of Proposed Separated Accounting Network 

3.1 Accounting Function in Diameter 

The AAA servers must perform authentication and authorization during the ini- 
tial Mobile IP registration step and re-auth step. Thereafter, one of the require- 
ments for the AAA service is to support a robust accounting service in Mobile 
IP. In the Diameter accounting protocol, the accounting protocol is based on a 
server-directed model with capabilities for the real-time delivery of accounting 
information. Interim accounting provides protection against the loss of session 
summary data by providing checkpoint information that can be used to recon- 
struct the session record in the event that the session summary information 
is lost. If a specified interim interval exists, the Diameter client must produce 
additional records between the Start Record and Stop Record, i.e. an Interim 
Record, and the AAA server must store the marked Interim Record periodically. 
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Fig. 4. The separated Accounting servers 



as shown in Figure |3 Therefore accounting is a crucial factor affecting the sys- 
tem load in AAA. As such, the following basic accounting functions are placed 
on the AAA service: 

— Realtime Accounting 

— Accounting related service (Prepaid card, Postpaid card) Support (Billing 
Application) 

— CMS encryption and decryption (End-to-End Security) 

— QoS or flow based Accounting 

— package of usage based accounting 

— Fault resilience accounting 

— periodic transporting protocol by accounting interim interval 



3.2 Accounting Server Management Ftinction 

There are two methods of implementing the accounting function of AAA, one is 
to implement an integrated and stand-alone AAA server, while the other is to 
implement an integrated accounting network with a separated accounting server 
with authentication and authorization server, as shown in Figure 0 Since the 
implementation architecture for AAA is not standard, network planners have to 
compare the scenarios that may cause network load problems and inefficiency. 
An accounting server receives data from the transport layer. However, the server 
may be incapable of storing this data due to a back-end database problem or 
disk fault. In this case, as with accounting server failures, a Mobile IP service 
may be impossible only due to system back-end failures. An accounting server 
reboot can also create the same situation. However, since no system is inherently 
reliable, an appropriate back-up system is needed for use in sensitive accounting 
applications. To support a robust AAA network for a nationwide ISP (Internet 
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Fig. 5. Management fuction of Accounting servers 



Service Provider), a separated multiple accounting server model would seem to 
more efficient than an integrated stand-alone model. The picture in Figure 0 
shows a configuration in which the AA(Authentication and Authorization) and 
Accounting are separated in the home network. This configuration maintains an 
SNMP connection for the management of the accounting network as the num- 
ber of AAA users increase. When managing multiple accounting servers it is 
also necessary that the state of each accounting server is maintained in order to 
assign an active and capable server. The accounting management architecture 
in Diameter involves interactions between the base protocol and the accounting 
servers. The HA(network device) collects resource consumption data in the form 
of accounting metrics. This information is then transferred to the home account- 
ing server(AAAH). Typically this is accomplished via an accounting protocol, 
although it is also possible for devices to generate their own session records. 
In order to keep track of the received accounting data, the accounting server 
manager must maintain the state of the managed devices or concurrent sessions. 
Since the number of accounting servers is typically much larger than the num- 
ber of concurrent AA(Authentication and Authorization) servers, it is preferable 
to keep the information on a per-accounting server basis in the AA server. In 
the SNMP protocol, if a system fault occurs, a trap message is shared in the 
AA network. Therefore, state information on the accounting servers is kept in 
all AA servers. Plus when the system is recovered, the state information is up- 
dated. SNMP uses a get style message to indicate whether the operation is in a 
normal state. The SNMP responses to get, get-next, or get-bulk requests return 
the requested state data or a failure code indicating the nature of the failure 
encountered. 



3.3 Interworking with Authentication, Authorization 
and Selected Accounting Server 

In contrast, to obtain interaction between the authentication session and the 
session of the accounting server, the proposed AAA architecture must support 
the same session-based connection and a procedure for exchanging the session 



344 



Byung Gil Lee et al. 



FA/HA 



AAAH 

Base Protocol 



Accountino 
Server #l 



Success of 
Authentication 
and Authorization 



Session Activation Ind 



Session Activation Rsp 



ACR 



Rcvd ACR(Account Request) Ind 
j Rcvd ACR(Account Request) Rsp 



ACA 



ACA(Account Answer) Tran Req 
ACA(Account Answer) Tran Rso 



Session Deactivation Ind 



Session Deactivation Rsp 



Fig. 6. Session interworking and state management scheme of Accounting server 



information for a series of Authentication, Authorization and Accounting(AAA) 
services. The following Figure El and the subsequent description explain how this 
scenario functions. 

1. Initially, a low layer connection is established and a negotiation capability 
procedure performed. (SCTP or TCP) 

2. The mobile node attempts to connect and register with the AAA server using 
the Mobile IP protocol. 

3. The AAA server authenticates and authorizes the mobile user and sends an 
HAR message to the HA, as shown in Figure 0 

4. The AAA server inquires about the proper active accounting server from the 
accounting server manager. 

5. At this point, the accounting server’s selection is performed through a load- 
balancing scheme applied by the accounting server manager. 

6. Upon receipt of the HAA, if the authentication and authorization procedure 
is successful, the AAAH server creates a Session-Activation-Indication(SAI) 
message and sends it to the selected accounting server. 

7. The selected accounting server node generates a connection for the robust 
transmission of the accounting record. 

8. The interaction of the session between the AAA original server and selected 
accounting server can then begin. The accounting procedure also begins at 
this time. 

9. If ACR message is received in Base protocol framework, the message is trans- 
ferred to selected accounting server. 
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10. The selected accounting server generates an ACA message as an application 
level and send the message and additional information to Base protocol 
framework. 

11. The server of the Base protocol completes an ACA message for routing the 
accounting record, then sends it. 



3.4 Load Balancing Using the Selection Scheme 
of Active Accounting Server 

Once a session is set up using the base protocol framework, the selection of the 
accounting server is performed using a load-balancing algorithm. Whenever the 
base protocol receives a request for a new user session, or change to alternate 
an accounting server due to a failed previous accounting server, it first asks the 
AM (accounting server manager) for a new accounting server. Second, a good 
and active server is selected from among the accounting servers, as the AM 
always verifies and determines which server is able to accommodate the incom- 
ing new session(otherwise, the session is refused). The definition of a suitable 
C AC (connection admission control) scheme is a complex problem, and out of 
the scope of the present paper. However, to avoid server overload, a traditional 
’’session count”-based CAC is adopted, i.e. a session is directed to another ac- 
counting server whenever the number of already admitted sessions is equal to 
M, the number of sessions available within the server’s capacity. This scheme is 
a load-balancing algorithm and its purpose is to improve the outage probability 
in the accounting server network. Whenever a session can attach to more than 
one accounting server, the idea is to direct it to another accounting server. It has 
been proven that this operation minimizes the probability that the service of a 
future session will be delayed or blocked. In order to select the proper(active) 
accounting server, the base protocol in Diameter inquires with the accounting 
server management system. The Figure Q shows the selection process for the ac- 
counting server(xyz’s address). Nonetheless, in the proposed Diameter scheme, 
the selected and connected accounting server can still experience a critical fail- 
ure that will block the connected session. As such, for a continuous service, an 
alternation mechanism for the accounting server is needed based on the same 
session for a continuous service. 

The alteration of a session between an older accounting server and a new ac- 
counting server in an accounting network, requires Authorization and Account- 
ing(AAA) services. In this case, the AM(accounting server manager) should se- 
lect and connect to another active server and interact between the old and new 
server to provide information, as shown in Table 1. 

3.5 Accounting Function in Diameter Client 

Emerging commercial public Wireless LAN network, AAA have included as ba- 
sic function of the IEEE 802. IX for network access control operation. To ob- 
tain assurances of verification and payment in public wireless LAN, the EAP 
application protocol of Diameter is used in Authentication, Authorization and 
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Fig. 7 . State Management and Selection scheme of Accounting server 

Table 1. Required Information for interaction with initial connection or alternate 
server connection 



Required Information 


State for Use 


Previous Recorded Accounting Server Info. 

Previous Recorded Session Info. 

Auth. Info, Host Info. 
User Info., Host Info. 


Alternation 

of 

Accounting 

Server 


Session Info., User Info. 
Auth. Info, Host Info. 


Initial 



Accounting(AAA) services. To support accounting function in wireless LAN ac- 
cess authentication, Authenticator(access point) must perform the real-time ac- 
counting record. Therefore, a Access Point infrastructure may not have local 
accounting storage in wireless LAN. 

Figure 0 shows a proposed EAP based accounting client scheme using sep- 
arated accounting function based. The accounting message of EAP application 
in AP is sent to the separated and centralized accounting client including a ses- 
sion information, and the centralized accounting client replies using the EAP 
accounting answer message. 

3.6 Analysis of Proposed Accounting Architecture 

Owing to the rapid development of wireless access techniques and Internet tech- 
nology, the use of mobile devices has greatly increased greatly. Therefore, various 
accounting schemes are needed in the mobile environment. The current study 
proposes a separated and robust accounting scenario and accounting server man- 
ager scheme using the Diameter protocol. Our proposed scheme could be used 
for flow based or QoS based detailed charging mechanism. 

The key idea of this approach is robust accounting structure by using estab- 
lishment of load managed interface between AAA server and separated account- 
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Fig. 8. separated scheme of Accounting Client 



ing network. Our separated scheme can reduce the loss of accounting records 
from local-problems of accounting function compared to the integrated AAA 
server scheme, plus, the proposed protocol can also support realm-based ac- 
counting and the load-balancing of accounting servers in contrast to the previ- 
ous integrated stand-alone schemes. Accordingly, the proposed protocol has the 
following advantages and properties: 

— If some accounting local problem is detected in connected AAA server of 
integrated AAA scheme, the communicating AAA session may be termi- 
nated. In contrast to the integrated AAA scheme, the proposed scheme uses 
an accounting server manager and multiple accounting server network. Even 
though some accounting problem is detected in connected accounting server, 
AAA session can be maintain in AAA server. Since an AAA session is es- 
tablished with AAA server-client relationship in AAA server, back-end sep- 
arated accounting session could be altered with another active accounting 
server. Thus the Diameter node is free from the risk of back-end database 
or local accounting problems. 

— Since DSA can be established between AAA servers, all accounting servers 
in the proposed scheme do not require the DSA procedures. 

— Since the state of the accounting servers is always monitored and managed, 
an active server is always selected among the accounting servers. 

— All accounting servers can be connected to the AA(Authentication and Au- 
thorization) server, thereby load managed realm-based accounting is sup- 
ported. 

— Even though some accounting servers experience failure, the AAA service is 
still possible. 

— The extension or installation of an accounting server is possible to respond 
to an increase in the number of subscribers. 
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4 Conclusion 

The current paper proposed an accounting server manager for an AAA server 
and related inter-working protocol. The new scheme provides various advan- 
tages as regards network reliability and performance management. The Diam- 
eter protocol can employ either IPsec or TLS between peers and also CMS 
security can be incorporated. The processing related to the transport, base, 
and CMS (Cryptographic Message Systax) protocol for a session connection ef- 
fects the system load more than RADIUS. To improve the proposed protocol, a 
scenario applying Diameter nodes is needed for a performance evaluation with 
various failure models. 



References 

1. IETF IP Routing for Wireless/Mobile Hosts (mobileip) Working Group Charter.: 
http://www.ietf.org/html.charters/mobileip-charter.html 

2. C. Rigney et ah: Remote Authentication Dial In User Service (RADIUS). IETF 
RFC 2138 , Apr. (1997) 

3. C. E. Perkins: IP Mobility Support. IETF RFC 2002, Oct. (1996) 

4. P. R. Calhoun, T. Johansson, G. Zorn, J. Loughney: IETF AAA Working Group 
Internet Draft.: < draft — ietf — aaa — diameter — 12.txt > http:/ /www. ietf.org. 

5. P. R. Calhoun, J. Arkko, C. E. Perkins: IETF AAA Working Group Internet Draft.: 

< draft — ietf — aaa — diameter — mobileip — lO.txt > http:/ /www. ietf.org. 

6. P. R. Calhoun, G. Zorn, P. Pan, H. Akhtar: IETF AAA Working Group Internet 
Draft. :< draft— ietf —aaa— diameter— f ramework-01.txt >Diameter Framework 
Document, http://www.ietf.org. 

7. P. R. Calhoun, S. Farrell, W. Bulley: IETF AAA Working Group Internet Draft.: 

< draft — ietf — aaa — diameter — cms — sec — 04:.txt >Diameter CMS Security 
Application, http:/ /www. ietf.org. 

8. M. Christopher: AAA Protocols: Authentication, Authorization, and Accounting 
for the Internet. Cisco Systems, IEEE Internet Computing November-December 
(1999) 

9. T. Hiller et ah: Cdma2000 wireless Data Requirements for AAA. RFC 3141, June 

(2001) 

10. S. Glass, T. Hiller, S. Jacobs, C. Perkins: IETF Mobile IP Working Group.: Mobile 
IP Authentication, Authorization, and Accounting Requirements. RFC 2977 

11. R. Caceres and L.Iftode.: Improving the Performance of Reliable Transport Proto- 
cols in Mobile Computing Environments. IEEE JSAC, vol. 13 , no. 5 , June (1995), 
850-57 

12. C. E. Perkins. :Mobile IP joins Forces with AAA. IEEE Personal Communications, 
August (2000) 

13. C. E. Perkins and David B. Johnson.: Mobility Support in IPv6. ACM Mobicom 
96 , November (1996) 

14. D. B. Johnson: Mobility Support in IPv6. Internet Draft, <draft-ietf-mobileip- 
ipv6-16.txt>, March (2002) 




An Efficient Multicasting Scheme 
Using Prejoin Technology 
in Mobile Computing Environments 



Sang Yun Park^, Ki Seon Ryu^, Ung Mo Kim^, and Young Ik Eom^ 

^ School of Information and Communications Engineering 
Sungkyunkwan Univ., Chunchun-dong 300 
Jangan-gu, Suwon, Kyounggi-do, Korea 
{bronson,umkim,yieom}@ece . skku. ac .kr 
^ Technology Research Center, Handan BroadInfoComm. Co., Ltd. 
Shinsung Plaza 697-11, Yeogsam-dong, Kangnam-gu, Seonl, Korea 
ksryuShandan . co . kr 



Abstract. As multimedia services in mobile computing environments 
are growing today, more investigations on multicasting for mobile com- 
puting environments are in progress. When the multicasting is performed 
on wireless networks, some serious problems, that do not occur in the 
traditional fixed networks, can occur. One problem is that, when a mobile 
host (MH) enters a new cell, if there is no member belonging to the same 
multicast group as the mobile host in the new cell, the mobile support 
station (MSS) of the new cell must join the multicast group. In this pro- 
cess, the MH may encounter the group join delays and the graft delays. 
Also, the frequent acknowledgements and the packet re-transmissions 
caused by the transmission media with low bandwidth and high error 
rate can generate some extra heavy traffic. This paper presents a pre- 
join method that lets the new MSS join the multicast group ahead for 
reducing the join delay and the graft delay. Additionally, we propose a 
multi-level ACKs strategy that separately confirms the ACKs exchanged 
between a data sender and a MSS and between a MSS and a MH. It is 
shown that our scheme shows more performance improvements as more 
adjacent cells have not joined the multicast group and each MH has lower 
mobility rate. 

Keywords: Multicasting, Mobile Computing, Prejoin, Routing 



1 Introduction 

The developments of portable computers and the technical advance in wireless 
networks have provoked mobile computing environments. Users in mobile com- 
puting environments should be able to obtain continuous network services during 
moving their position. Mobile computing system can be defined as an infrastruc- 
ture that supports mobile computing environments: [1]. In the mobile computing 
system, there are two types of hosts which is usually called FH(Fixed Host) and 
MH(Mobile Host). While the FH is wired into the network and cannot change 
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its location, the MH is capable of moving between different locations while main- 
taining its connection to the network. There are special types of FHs that provide 
wireless interfaces to the MHs and they are usually called MSSs(Mobile Support 
Stations). Also, an area that can be managed by a MSS is called a cell. If a MH 
migrates to a new cell, the MH should be supported and managed by a new 
MSS, and we call this process as a handoff. 

The multicasting in mobile computing environments can be provided through 
the multicast routing protocols considering the properties of wireless networks. 
That is to say, the data arriving at a MSS are copied in the memory of the MSS 
and are forwarded to MHs through the multicast protocols such as IGMP:[2],[3]. 
When a MH enters a new cell, if there is no member belonging to the same 
multicast group as the MH exists in the new cell, the MSS of the new cell should 
join the multicast group. Therefore, the MH must encounter the delays required 
for joining and grafting the multicast group. Also, by the low bandwidth and the 
high error rate in the wireless network, the frequent acknowledgements (ACKs) 
between a sender and a receiver and packet re-transmissions may generate con- 
siderable extra traffic: [3]. 

In this paper, we propose a prejoin method that lets the MSS in the entering 
cell join the multicast group ahead according to the signal strength. Also, we 
propose a multi-level ACKs strategy that can be used for acknowledgements 
between a sender and a MSS and between a MSS and a MH as in the case of 
I-TCP:[4],[5]. Section 2 proposes a prejoin algorithm and a multi-level ACKs 
strategy. In section 3, we present the performance analyses with simulations. 
Finally, the last section discusses our conclusion and areas of future works. 

2 Prejoin-Based Multicasting Scheme 

2.1 Prejoin Technology 

Prejoin. The data transmission in generic multicast environments begins after 
a receiver registers himself to a multicast session initiator and, after then, a 
multicasting path is established through the appropriate admission process. The 
protocols such as DVMRP, MOSPF:[2],[3], and PIM are being used to establish 
multicasting paths. Also, RMP:[7], RAMP:[7], RMTP:[6],[7], and ReMP:[8] are 
used for reliable protocols for transmitting multicast data. 

However, if such protocols are intactly used for wireless network environ- 
ments, two main problems can happen. First, if there is no MH which joined the 
same multicast group as the entering MH, the MH must encounter join delays 
and graft delays to participate in the multicast group for receiving multicast 
data. Moreover, if the MH is in progress of handoff, the reliable transmission of 
multicast data would be impossible. 

As a MH becomes far from the current cell, the MH may receive new signals 
from an adjacent cell. If the strength of beacon signals received from the current 
MSS is reduced gradually, it means that the MH becomes distant from the 
current cell and is nearing an adjacent cell. So, a possible point of time when 
a MH does handoff can be determined by the strength of signals received from 
MSSs. 
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By monitoring the signal strengths of MSSs, and by checking the migration 
specification that is constructed by recording the cell IDs the MH has visited, the 
MH can decide which cell it is migrating to. If there is a strong possibility that 
a MH is migrating to an adjacent cell, the current MSS transmits a PRE JOIN 
message to the expected cell of migration in order that new MSS can join the 
multicast group beforehand. After that, the entering MH can receive multicast 
data with minimum delays after handoff. 

Multi-level ACKs. If the new MSS has already joined the same multicast 
group as the entering MH and the existing MHs in the new cell have fin- 
ished exchanging the ACKs for the recently received multicast data, the MSS 
would delete the data from its buffer. In this case, the entering MH requests 
re-transmissions of the data to the sender, and consequently, much time would 
be required for re-transmissions. 

In this paper, in order to improve the above-mentioned problems, a MSS 
does not delete multicast data until it finishes receiving all ACKs, and the data 
are stored in the buffer during a definite period. So, the MSS can immediately 
service the request for the absent data from the entering MH. 

The packets transmitted from a sender to a MSS are numbered and stored 
in the MSS’s buffer, and the MSS can receive the packets until the buffer is 
full. If the buffer becomes full, the MSS requests the sender to suspend the 
transmission. A little while later, when the buffer is available, the MSS requests 
again the sender to resume the transmission. 

A MSS can delete the received data after finishing the reception of all ACKs 
from the member MHs within the cell. If a MH is in progress of migration or 
has finished the migration to an adjacent cell, a new MSS should report the 
migration of the MH to the old MSS because the old MSS should not expect to 
receive ACKs from the MH. By reporting the migration, the old MSS can delete 
the remaining data for the MH. 

2.2 Algorithms 

Global Process of Prejoin. Fig. [Q shows the conceptual model of prejoin, 
and the detailed procedure is as follows. 

(1) If a MH becomes distant from the cell of MSSl and can not receive 
beacon signals whose strength is higher than the critical value p, the 
MH sends the LOW -SIGNAL message to MSSl in order to notify 
MSSl that the MH is going to do handoff. At this time, if the signal 
strength of MSS2 is higher than the critical value q, the handoff 
proceeds into MSS2. Otherwise, the handoff proceeds according to 
the MHs migration specification. 

(2) MSSl that received the LOW -SIGNAL message sends the PRE-JOIN 
message to MSS2. If MSS2 that received the PRE_JOIN message has 
not joined the same multicast group as the entering MH, it joins the 
multicast group beforehand in order to minimize join delays and graft 
delays of the MH. 
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Fig. 1. The conceptual model of prejoin 

(3-4) MSS2 sends the JOIN_REQUEST message to the sender in order to 
join the multicast group and sends the GIVEJNSUFJDATA message 
to MSSl for receiving the data that may be required by the MH from 
MSSl. 

(5) If MSS2 has already joined the multicast group, MSS2 does not delete 
the data stored in its buffer and keeps the data until the entering MH 
receives them all or has migrated to another cell. 

(6) MSS2 receives the GROUP -ADDED message as a confirmation of 
join from the sender. 

(7-8) When the first packet of the data is received from the sender, the 
sequence number of the packet is compared with that of the buffer, 
and the insufficient data are requested to MSSl additionally. 

(9) MSSl sends the additional data to MSS2. 

(10) After the MH finishes the migration to Gell2, MSS2 sends the 
MHJVIOVED message to MSSl in order to notify other MSSs in 
progress of prejoin that the MH has been migrated to the cell of 
MSS2. 

(11) MSSl sends the STOP-PRE JOIN messages to all MSSs in progress 
of prejoin, and the MSSs cancel all the actions done for prejoin. 

If the MH does not enter Gell2 and resides in the previous cell, MSS2, after 
it receives the STOP_PRE_JOIN message from MSSl, deletes the buffer space 
allocated for the MH and cancels all the actions done for prejoin. 

Algorithms for Prejoin. 

a) Buffer management algorithm 

For reducing transmission delays between MH and MSS, and between MSSs, 

MSS should manage a buffer area for multicast data. Table [Dshows the data 

structure of the buffer area in the MSS. 
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Table 1. The data structure of buffer area in MSS 



struct _buf { 

u_int data_length; 
char *data; 
u_int ref _count ; 

} buf[]; 



The dataJength field denotes the size of the data arrived. The sum of the 
dataJength fields in the buffer array represents the total amount of the 
buffered data. The data field refers to the multicast data, and the reLcount 
field is defined as the number of MHs requiring the multicast data. For ex- 
ample, if the number of members belonging to the same multicast group in a 
cell is 5, and the number of MHs in progress of prejoin is 2, then the reLcount 
value for the data is 7. If the sum of dataJength fields exceeds the size of the 
buffer, the MSS sends the SEND_PAUSE message to the sender in order to 
suspend the transmission. If a definite space of the buffer is available after 
exchanging several ACKs, the MSS sends the SENDJIESUME message to 
the sender in order to resume the transmission. 

b) Prejoin algorithm 

Case 1: The new MSS has already joined the multicast group but it has deleted 
the data required by the entering MH. 

Fig.E shows the case where the MSS of the new cell has already joined the 
multicast group, but since the new MSS received all ACKs from the existing 
MHs, it has deleted the data that would be required by the entering MH. 
Assume the sequence number of the transmitted data until now is k (0 < i 
< j < k), the sequence number of the data received by the MH is i, and the 
sequence number of the data which MSS2 has deleted after confirming the 
ACKs is j. Because of the weakened signal strength, MSSl starts the prejoin 
process and sends the PRE JOIN message together with i to MSS2. MSS2 
confirms that the data from i-l-I to j has been deleted. And then it requests 
the deleted data to MSSl and increases the PREJOIN_CNT value by one. 
The PRE JOIN_CNT refers to the number of the MHs in progress of prejoin. 
Also, MSS2 increases some reLcount fields in the buffer area (from Buf[j-|-1] 
to Buf[k]) by one to prevent deleting the data. 

After sending the requested data to MSS2, MSSl waits for the ACK message 
for the data. MSS2 increases the reLcount fields of the received data (from 
Buf[i-|-1] to Buf[j]) and sends ACK message to MSSl. If the MH completes 
migration to Cell2 and sends the GREETING message to MSS2, MSS2 in- 
creases the JOIN_CNT value and decreases the PRE_JOIN_CNT value. The 
JOIN_CNT value means the number of the corresponding multicast group 
members residing in the cell. Now, MSS2 sends the MHJMOVED message to 
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MH MSSi MSS2 




Fig. 2. The prejoin algorithm for the case where the new MSS has already joined the 
multicast group but it has deleted the data required by the entering MH 



MSSI for the purpose of notifying MSSI that the MH has completed moving 
into MSS2’s cell. MSSI, after receiving the MH_MOVED message, decreases 
the JOIN_CNT value and the reLcount values for the data from i+1 to k all 
by one, and then sends the STOP_PRE_JOIN message to all MSSs except 
MSS2 so that the MSSs in progress of prejoin can cancel all the actions done 
for prejoin. 

Case 2: The new MSS has already joined the multicast group and has not 
deleted the data required by the entering MH. 

Fig.0 shows the case where the MSS in the new cell has already joined the 
multicast group, and it has not deleted the data that may be required by 
the entering MH. 

If MSS2 has already joined the multicast group and has not deleted the data 
required by the entering MH, there will be no serious delays. If MSSI starts 
the prejoin process with the sequence number i, in MSS2, only the reLcount 
fields and the PRE JOIN _CNT value are increased since the data after i 
are not deleted from MSS2 yet. When the MH enters Cell2 and sends the 
GREETING message to MSS2, as in Gase I, MSS2 sends the MH_MOVED 
message to MSSI after increasing the JOIN_GNT value and decreasing the 
PRE JOIN_GNT value. Now, MSSI decreases the JOIN_GNT value and re- 
quests the cancellation of all the actions done for prejoin to all MSSs in 
progress of prejoin except MSS2. 

Case 3: The new MSS has not joined the multicast group yet. 

Fig. El shows the case where the MSS2 should join the multicast group since 
it has not joined the multicast group yet. 

MSSI transmits the PRE JOIN message together with i, the last sequence 
number of the data received by the MH until now, to MSS2. Since MSS2 
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Fig. 3. The prejoin algorithm for the case where the new MSS has already joined the 
multicast group, and it has not deleted the data required by the entering MH 

has not joined the multicast group yet, it requests to join the group to 
the sender by sending the JOIN_REQUEST message after increasing the 
PRE_JOIN_CNT value. When MSS2 receives the GROUP -ADDED message 
approving the previous join request with the sequence number m saying that 
the sender has sent the multicast data up to sequence number m, since MSS2 
does not have the data from i+1 to m, it requests the transmission of these 
data to MSSI. After receiving the data from i+1 to m, MSS2 adjusts the 
ref-COunt fields for the data as above and sends the ACK message for the 
data to MSSI. If the MH enters Cell2 and sends the GREETING message to 
MSS2, MSS2 sends the MHJVIOVED message to MSSI after increasing the 
JOIN-GNT value and decreasing the PRE_JOIN_GNT value. Now, MSSI 
decreases the JOIN_GNT value and the reLcount values for the data from 
i+1 to m, and requests the cancellation of all the actions done for prejoin to 
all MSSs in progress of prejoin except MSS2. 

3 Performance Evaluation 

In this section, by using a discrete event simulator, DEVS-Scheme:[9], we show 
the results of performance evaluation that is performed for comparison of the 
proposed scheme including the prejoin method and the multi-level AGK strat- 
egy with a conventional multicasting technology. The explanations of the state 
variables for our simulation are given below. The simulation period is defined 
as 700 seconds. On the basis of the existing experimental values, the transmis- 
sion times on wired or wireless networks are assumed to be 14ms (between a 
sender and a MSS), 16ms (between a MSS and a MH), and 4.15ms (between 
MSSs) respectively. The MH’s cell staying time is assumed to have exponential 
distribution with mean having the value of the simulation period divided by the 
number of handoffs. Also, we assume that the signal strength becomes lower 
than the threshold value and the prejoin process starts immediately after the 
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Fig. 4. The algorithm for the case where the new MSS has not joined the multicast 
group yet 

Table 2. The definitions of the state variables for calculating the number of packets 
transmitted 



Class 


Notation 


Description 


Delay 


As 


Wired network transmission delay between the sender and MSS 




Am 


Wired network transmission delay between MSSs 




Ah 


Wireless network transmission delay between MH and MSS 


Time 


thof f 


Time for handoff 




ipre 


Time for the start of prejoin 




tjoin 


Time for joining multicast group 




Ahoff 


Time interval from the start of prejoin to handoff {thof f-tprs) 




A join 


Time interval from handoff to joining a multicast group 


Packet 


h 


The number of packets stored in MSS at the start of prejoin 




h 


The number of packets stored in MSS at handoff 



MH stayed in the cell for some portion (e.g. 70%, 80%, or 90%) of the MHs cell 
staying time. The buffer area in a MSS is assumed to have 20 slots. When the 
buffer area becomes full, the MSS requests suspension of the transmission to the 
sender. Afterward, when the number of filled buffer slots goes down to 15, the 
MSS requests resumption of the transmission to the sender. 

Our simulation is accomplished for the two cases where all the MSSs have 
not joined the multicast group and about half of MSSs have joined the multicast 
group. Table 121 describes the definitions of the state variables for calculating the 
number of packets transmitted according to each condition. 

3.1 The Case where All the MSSs Have not Joined 
the Multicast Group 

This section describes the case where the MH encounters join delays and graft 
delays in every handoff since there is no multicast group member in the entering 
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cell. Our simulation is performed for two main cases. One is the case where our 
prejoin scheme is used and the other is the case where the prejoin scheme is not 
used. In the case of using prejoin scheme, the prejoin start time is classified into 
three sub-cases (prejoin threshold value = 0.7, 0.8, and 0.9). We investigated 
three performance indices such as the number of delayed packets, the number of 
packets received by a MSS, and the number of packets received by a MH among 
the packets transmitted to the MH during the simulation time. 

The expression for the number of packets m transmitted from a sender to a 
MSS during Ahoff is as follows. 



m = 



Ahoff 
As x2 



( 1 ) 



Similarly, the expression for the number of the packets n transmitted from a 
MSS to a MH during Ahoff is as follows. 



Ahoff 
Ah X 2 



( 2 ) 



Therefore, we can construct the following formula. 



h = h + Tn + n 



( 3 ) 



During the interval Ahoff, the new MSS may request some packets that have 
not been transferred from the old MSS to the MH. In this case, the number of 
packets p that should be transferred to the new MSS can be evaluated as follows. 

Ahoff — (Ah + Am x 2) n — (Ah + Am x 2) 

^ Am X 2 Ah x 2 

At the time of handoff, the new MSS can be in one of the two states, which 
is already-joined state and not-joined-yet state respectively. For the case where 
the new MSS joins the multicast group after handoff, the packets transmitted 
between the time of handoff and the time of join may encounter some delays, 
and the number of delayed packets q can be evaluated as follows. 



Ajoin — tjoin ^ thoff 
A join 
^ Am X 2 



( 5 ) 

( 6 ) 



Hence, we can express the formula for the total number of delayed packets r as 
shown below. 



r = h-p + q (7) 

On the other hand, when the new MSS joins the multicast group before handoff, 
the packets transmitted between the time of join and the time of handoff do not 
encounter delays, and the number of packets transmitted during that interval 
can be calculated as follows. 



Ajoin 



ifioff ijoin 

Ajoin 
^ ~ As X 2 



(8) 

(9) 
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The Delayed Packets The Number of Delayed Packets 




Hand-olf Frequency 



Fig. 5. The number of delayed packets according to handoff frequency in the case where 
no MSS is joined the multicast group 

Therefore, the number of packets s that can be received before handoff and the 
number of packets r that may be delayed can be expressed as follows. 

s = min{p + q,l 2 ) (10) 

r = h — s (11) 

Fig. 0 shows the number of delayed packets according to handoff frequency for 
the case where no MSS is joined the multicast group. 

Approximately, as the handoff occurs more frequently and the prejoin takes 
longer time, the number of delayed packets becomes to increase. The number 
of delayed packets when the threshold value of prejoin is 0.7 is lower than the 
number of delayed packets in the cases where the value is 0.8 or 0.9. And, when 
the value is 0.9, the number of delayed packets has a similar distribution to the 
case of no-prejoin. This situation occurs because the frequent handoff causes 
reduction of MH’s cell staying time, and so, the new MSS cannot have enough 
time for prejoin. Therefore, in the cases where the handoff occurs frequently or 
the prejoin threshold value is too high, our scheme may not be efficient. 

Although not shown in Fig. 0, the number of delayed packets for the case 
where the prejoin threshold value is under 0.7, has similar distributions to the 
case where the value is 0.7. This situation seems to occur because the packet 
buffering becomes excessive and inefficient in this case and there can be frequent 
buffer overflows, which, in turn, causes frequent suspensions of the senders trans- 
missions. 

With the same conditions as above. Fig. 0 shows the number of the packets 
received by the MSS during the simulation time. 

As a whole, the number of packets received by the MSS decreases as the 
handoff frequency increases. When the prejoin threshold value is 0.7 or 0.8, the 
number of packets received by the MSS is higher than that of the case for which 
the value is 0.9. Also, when the value is 0.9, the number of packets received by 
the MSS has a similar distribution to the case of no-prejoin. 
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Fig. 6. The number of packets received by the MSS according to handoff frequency in 
the case where no MSS is joined the multicast group 
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Fig. 7. The number of packets received by the MH according to handoff frequency in 
the case where no MSS is joined the multicast group 

As the handoff frequency becomes higher and the packet delay becomes 
longer, the buffer of the MSS overflows more rapidly. Consequently, since the 
MSS more frequently requests the suspension of the transmission to the sender, 
the number of packets transferred to the MSS decreases. This graph says that 
our prejoin scheme can be more useful when the handoff frequency is low and/or 
there is enough time for prejoin. 

Fig-13 shows the number of packets received by the MH during the simulation 
time. Similarly, when the threshold value is 0.7, the MH can receive more packets. 
The analyses for Fig. E|also come to this case. 

3.2 The Case where about Half MSSs Already Have Joined 
the Multicast Group 

When the MSSs have already joined the multicast group, the MH that enters 
the new cell after completing the prejoin process does not encounter the delay 
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Fig. 8. The number of delayed packets according to the handoff frequency in the case 
where about half MSSs have joined the multicast group 



or encounters a little delay, if any, because the data required by the MH might 
be deleted from the MSS that has already joined the multicast group. 

Fig. 0 shows the number of delayed packets according to the handoff fre- 
quency in the case where about half MSSs have joined the multicast group 
already. In this case, also, as the prejoin threshold value and/or the handoff 
frequency become lower, the number of delayed packets decreases. But the dif- 
ferences of the number of delayed packets for the three cases (0.7, 0.8, and 0.9) 
are narrower than the previous case (no MSS has joined the multicast group). 
Moreover, we can see that any case is not better than another when the handoff 
frequency > 40. Consequently, we can say that our prejoin scheme shows more 
performance improvements when the number of MSSs that have not joined the 
multicast group is larger. 

4 Conclusions 

In this paper, we proposed an efficient multicasting scheme using the prejoin 
method and the multi-level ACKs strategy. The prejoin method and the multi- 
level ACKs strategy allow the MSSs to encounter reduced packet transmission 
delay. The simulation results show that our scheme provides more efficiency in 
the case where handoffs occur rarely and MB’s cell staying time is long enough 
for the MSS to complete the prejoin process. Additionally, our scheme provides 
more performance improvements when the more MSSs in adjacent cells have not 
joined the multicast group. Our scheme also guarantees the packet sequencing 
and shows high performance for packet transmissions through the use of multi- 
level ACKs strategy. 

However, if the prejoin process starts too early, more traffic can occur unnec- 
essarily and the sender’s packet transmission can be suspended more frequently 
because of the buffer overflow in the MSS. Also, when the handoff frequency is 
too high or the MHs cell staying time is too small, our scheme may not show 
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such high performance improvements. Therefore, it is necessary to study a more 
adaptable multicasting scheme that can adapt to the varying system conditions 
or environments. 
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Abstract. The packet losses of reliable multicast protocols in a wireless net- 
work that occur more often due to unreliable wireless links cause a significant 
degradation in performance in the form of retransmitted packets implosion. In 
this paper we consider a transparent proxy server that perform local retransmis- 
sions across a wireless link and present the analytic model of performance of 
reliable multicast protocols with a transparent proxy server at basestation. By 
using analytical models, we show that the receiver initiated multicasting proto- 
cols with a transparent proxy server yields higher protocol throughput than 
without one. 



1 Introduction 

Future networks will include large numbers of portable devices and laptop computers 
among wireless network environment which network devices support multicast. Sev- 
eral of end users in wireless network might be interested in receiving and sending 
reliable multicast data such as shared white board and distributed interactive simula- 
tions data. On the integration of integrated fixed and wireless network, it is better that 
the problem of one side network should not affect the other side network. The prob- 
lems generated specially from wireless characteristics deteriorate the performance of 
multicast session more than that of unicast session[l,2]. 

Reliable multicast is required by many applications such as multicast file transfer, 
shared whiteboard, distributed interactive simulation and distributed computing. 
These applications can potentially have several thousands of participants scattered 
over a wide area network including wireless networks. 

In the presence of the high error rates and intermittent connectivity characteristics 
of wireless links. Reliable transport unicast protocols such as TCP reacts to packets 
losses as it would in the wired environment. Several mechanisms have been proposed 
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to improving TCP performance over wireless links. Reliable multicast protocols will 
used in wireless network the same as Reliable transport unicast protocols[5]. In Re- 
ceiver-Initiated Reliable Multicast Protocol, receivers transmit a repair request packet 
to the whole multicast group. These measure result in retransmission request implo- 
sion and also retransmission implosion, thereby causing a significant degradation in 
performance in form of poor throughput at the entire multicast session and very high 
file delivery delay at both wired participants and wireless participants [3, 4]. 

In this paper, we present the analysis of receiver-initiated reliable multicast with a 
transparent proxy server at a basestation, which improves the performance of reliable 
multicast sessions in wireless network. Our aim is to improve the entire multicast 
session performance on networks with wireless links. This may be achieved by a 
simple set of modifications to the network-layer software at the basestation. And we 
present the analytic models of performance of reliable multicast protocols with a 
transparent proxy server at base station and without one. 

The remainder of the paper is organized as follows. The descriptions of the proto- 
cols, and system model are found in Section 2. Numerical expressions for the maxi- 
mum throughput in wireless network for the receiver-initiated protocol without a 
transparent proxy server and with one are contained in Section 3. Section 4 compares 
these protocols. Finally, concluding remarks are given in Section 5. 

2 Protocols and System Model 

2.1 Receiver-Initiated Protocol without a Transparent Proxy Server 

A receiver-initiated protocol without a transparent proxy server places the responsi- 
bility for ensuring reliable packet delivery on receivers. A sender continues to trans- 
mit new data packets until it receives a NAK from a receiver in the wireless environ- 
ment. When this occurs, the sender then retransmits the packet required by that re- 
ceiver. Especially the loss probability in the wireless network is more than that in the 
wired network. 

The role of the receiver in the wireless network is to check for lost packets spe- 
cially occurred in high loss probability especially at wireless environment. If it de- 
cides that it has not received a particular packet, it transmits a NAK to the sender. In 
order to guard against either the loss of the NAK or the subsequent packet retransmis- 
sion, the receiver uses timers in a manner same as the sender’s use of timers in 
sender-initiated protocols. Typically a receiver will detect a lost packet when it re- 
ceives packets with larger sequence numbers (or after a timeout if it is expecting a 
retransmission). We will focus on a receiver-initiated protocol (A) that exhibits the 
following behavior[6]: 

• The sender multicasts all packets and state information that have the sender ad- 
dress, last sequence number from the sender, time the last session message and so 
on; 




364 



Sung Kwan Youm et al. 



• Whenever a receiver detects a lost packet, it waits for a random period of time and 
then multicasts a NAK to the sender and all other receivers, and starts a timer for 
preventing the NAK packets implosion; 

• When a receiver receive a NAK for a packet which a receiver has not received, 
but for which it initiated the random delay prior to sending a NAK, the receiver 
starts timer and behaves as if it had already sent that NAK; 

• The expiration of the timer without prior reception of the corresponding packet 
serves as the detection of a lost packet. 




2.2 Receiver-Initiated Protocol with a Transparent Proxy Server 

We now describe a reliable multicast protocol with a transparent proxy server that 
assumes the presence of a repair tree. This tree is the physical multicast routing tree 
constructed by multicast routing protocols with a transparent proxy server co-located 
with a base station. Receivers recover lost packets from a transparent proxy server. A 
transparent proxy server recovers lost packets from the sender. The Protocol B exhib- 
its the following behaviors[7]: 

• A sender multicast packets to a multicast address A that is subscribed to by all 
receivers. 

• On detecting a loss, a receiver, after waiting for a random amount of time, multi- 
casts a NAK to the receivers in its neighborhood and a transparent proxy server at 
a basestation and starts a NAK retransmission timer. If the receiver receives a 
NAK from another receiver for this packet, it suppresses its own NAK and sets 
the NAK retransmission timer as if it had sent the NAK. 

• On detecting a loss, a transparent proxy server, after waiting for a random amount 
of time, multicasts a NAK to the sender and the transparent proxy servers at the 
same level in the tree and starts a NAK retransmission timer. While waiting to 
send out a NAK for the lost packet, if a transparent proxy server receives a NAK 
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for the same packet from another proxy server, then it suppresses its own NAK 
and sets the NAK retransmission timer as if it had sent the NAK. 

• If a transparent proxy server has the packet for which it received a NAK from a 
member of the group for which it is responsible, it multicasts the packet to the 
group. Otherwise, it starts the process of obtaining the packet from the sender if it 
has not already done so. 

• The sender, on receiving a NAK from transparent proxy servers, remulticasts the 
requested packet to all the receivers and proxy servers. 

• The expiration of the NAK retransmission timer at a transparent proxy server 
without prior reception of the corresponding packet serves as the detection of a 
lost packet for the proxy server and triggers the retransmission of a NAK. 

2.3 System Model 

In this section we present the network loss and system model that will be used for the 
performance analysis of protocol receiver-initiated protocol with a transparent proxy 
server and without one. Some losses take place in the links from the source site to the 
backbone and most of them occur in the wireless links from the backbone to the indi- 
vidual wireless networks as shown in Figure 1. The backbone has been observed to 
be mostly loss free[8]. It has also been noted that wireless links are likely to be bot- 
tlenecks for the foreseeable future. Hence in our loss model we consider loss only at 
the source and wireless links. We also assume that loss events are temporally inde- 
pendent. Let the loss probability in the source link and each wireless link be 
and . The end-to-end loss probability as seen by a receiver, p , is equal to 
l — (l — p^)(l — p^) . We also assume that NAKs are never lost. This assumption 
could be relaxed by following the analysis. Let there be one source link and T wire- 
less links where each wireless link has several receivers in the wireless environment. 
Let each upstream basestations at the edge of the backbone have k wireless links. The 
number of such basestation, W is equal to T / k. We assume that communication 
between two receivers on different wireless channel takes place only through a proxy 
server. Direct communication between receivers in wireless links do not happen in 
this model. The above loss model has implications on the placement of transparent 
proxy servers inside the network. Figure 1 shows the placement of transparent proxy 
servers. We end this section by noting that for the system model two-level recovery is 
sufficient for protocol B. Also, the multicast address for NAK suppression among 
receivers in B is chosen such that only receivers within wireless network participate 
in NAK suppression. Since receivers on wireless environment see the same loss, each 
receiver processes a NAK only when it losses the corresponding packet. Each site 
might send only one NAK to the proxy server per loss. We would like to stress that 
the class/style files and the template should not be manipulated and that the guide- 
lines regarding font sizes and format should be adhered to. This is to ensure that the 
end product is as homogeneous as possible. 
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Table 1. Notation 





The time to process the transmission of a packet at a sender 




The time to process a NAK at sender 




The time to process a newly received packet at a receiver 




The time to process a timeout at a receiver 




The time to process and transmit/receive a NAK at a receiver 


p 


The end-to-end probability at a receiver 


Pw 


The wired link loss probability 


Pa 


The wireless link loss probability 


T 


The total number of tail links 


k 


The number of tail links per backbone router 


jW 


The number of per packet NAK’ s sent by receiver r, w G {A, B) 


L"' 


The number of per packet NAK’ s from all receivers, w G {A, B} 


M 


The number of transmissions from the sender required for all the receivers to 
successfully receive a packet 


Mp 


The number of transmissions from the sender required for all transparent proxy 
servers to successfully receive a packet 




The number of transmissions from a transparent proxy server required for a 
receiver to successfully receive a packet 


Mu 


The number of transmissions from a transparent proxy server to all the receiv- 
ers for which it is responsible successfully for receiving a packet, assuming 
that no packets are sent from the sender 


^ W W 


The send and receiver per packet processing time in protocol, w G {A, B} 




The per packet processing time at the transparent proxy server per packet 


a: 


sender processing rates for protocol w G { A, B } 


A”' 

V 


receiver processing rates for protocol w G {A, B) 


p 


proxy server processing rates for protocol w G {A, B} 



3 Throughput Analysis 

3.1 The Case without Proxy Server between Sender and Receivers 

At first we now analyze the receiver-initiated protocol without a transparent proxy 
server (A) by considering the sender. Let X denote the packet processing require- 
ment at the sender under (A). This processing time can be expressed as 

M 

m=l 1=1 



( 1 ) 
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where the first term corresponds to the processing time associated with the different 
transmissions of the packet and the second term corresponds to the processing time 
for the NAK’s that are transmitted from the receivers to the sender, we make no as- 
sumptions regarding the distributions of these random variables except that they are 
independent of each other and that A^(m)and A„(i)are sequences of identically 

distributed random variables. As before, M is the number of transmissions required 
and is the number of NAK’s received. 

The mean processing time is given as The mean per packet processing time for a 
randomly chosen packet at the sender for protocol A can be expressed as, 

E[X^] = E[M]E[Xp] + {E[M}- 1)£[ ] (2) 

the only unknown in the right hand side of (2) is E{M] . Define Mf to be the num- 
ber of transmissions required for receivers r to receive the packet correctly. Now, 
P[Mj. <m\ = \ — p"' = and E{M^] = \l{\ — p) . As the events of lost packets at 

different receivers are independent, we have 

R 

P[M <m\=HP[M^<m\ = {\-p’^)’^. (3) 

r=l 

therefore 

£[Af ] = ^^mP[M = m] 

m=l 

= ^ P[M > m\ (4) 

m=l 



= £[i_(i_p(-i))«]. 
m=l 



In our numerical results in the following section, we truncated the sum in (4) when 
the m th value was less than 10 ^ We note that the right-hand side of (4) can be sim- 
plified to 




( 5 ) 



but that the alternating signs in this sum are difficult to handle numerically[10]. 
The mean processing requirement at a receiver for a randomly chosen packet is 

E[Y^] = E[Mm- Pa)i^~ P«))E[Yp] + 



{E[M] + R-2)E[YJ 
R 



+ £[(M, 



2)^]£[TJ 



(6) 



Here the first term corresponds to the processing required to receive a packet with- 
out occurring loss. The second term corresponds to the processing required to receive 
and send NAK’s. Note that this only occurs each time the receiver determines the 
packet to be lost prior to the first correct receipt of this packet. The last term corre- 
sponds to processing of the timer when it expires. Again, this is only required after 
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the first transmission (if lost) up to, but not including, the first correct reception of a 
given packet. 

From the distribution of , it follows that 

2 

E[{M,-2r} = ^. (7) 

1-/7 

where p is p^){\ - p„) . 

If we let A* denote the rate at which the sender can successfully transmit packets 
to all receivers in the wireless network environment who join the group then 
As =1/£[X®]. 



3.2 The Case with Proxy Server between Sender and Receivers 



The notation is described in Table 1. Following the approach described in [8, 9, 10], 
the mean per packet processing time for a randomly chosen packet at the sender for 
protocol B can be expressed as. 



E[X’^] = E[Mp]E[Xp] + - \)E[X „ ] (8) 



The first term corresponds to the mean processing required to transmit a packet 
from the sender to transparent proxy servers. The second term corresponds to the 
mean NAK processing required at the sender. 

The mean processing requirement at a receiver for a randomly chosen packet is 



E[Y’^] = E[M„]{l-p„)E[Yp] 

+ {E[M^ ] - l)£[y„ ] + /7/ /(I - p, )E[Y, ] 



(9) 



The first term corresponds to the processing required to correctly receive a packet 
from a transparent proxy server. The second term corresponds to the mean processing 
time required to send and receive NAKs within the wireless local group. The third 
term corresponds to the processing required to execute routines due to expiration of 
NAK retransmission timer. Here, (x)+ = max{0,xj. The mean processing time at a 
transparent proxy server for a randomly chose packet is 

£[Z ^ ] = £[M p ](1 - /7„ )E[Yp ] + (£[M« ] - l)£[Xp ] 

+ (A[M^]-l)£[7J + (£[M^]-l)£[yj . ( 10 ) 

+ (A[M,]-2)^£[yf] 



The first two terms correspond to the processing of transmissions and retransmis- 
sions, received from the sender and the retransmissions sent out to the receivers in 
wireless environment respectively. The third term corresponds to processing of 
NAKs sent to the sender or received from other proxy servers. The fourth term corre- 
sponds to the processing of NAKs received from the receivers and the fifth term 
represents the processing cost of the NAK retransmission timeout routine. The terms 
E[M^], £[M^], AiM^Jand £'[(M^-2)'^] are computed as follows: 
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P[M, <m] = l-p“,m = 1,2,3,... and E[M ,] = \l{\- p„) 
Now P(M g < m) = (1 - )* , hence 




Now P(M ^ <m) = l- , hence E[M ^]-l = /(I- p^) and 

E[(M^-2y] = pI/{1-pJ _ 

The maximum packet processing rate at a transparent proxy server is 
Ap =1/£[Z^]. 

In the case of a one-many application, the overall protocol throughputs are 

A^o =min{A^Af} (12) 

=min{A*,A^,A^} (13) 

4 Numerical Results 

We now examine the relative performance of protocols (A), and (B). In order to pro- 
vide concrete values for the amounts of processing time needed to send/receive a 
data, ACK, or NAK packet and handle a timeout, we use the measurements reported 
by Kay and Pasquale[ll, 12]. We expect the relative performance to be relatively 
insensitive to changes in processing capabilities as long as the relative costs of the 
various processing steps remains the same. In our examples we use 
E[X = E[Y = for the processing time needed to send or receive a 2K 

data packet and E[X^} = E[X^} = E[Y^} = = SOOfls as the processing time to 

send or receive a small NAK packet. We use E\_X,^ = E[Yi^ = 2Ajds for the timer 
overhead[8,9]. We examine performance for loss probabilities in the 0.25 as they 
typify the current maximum loss characteristics of the MBone. The number of wire- 
less links per group, k, is set to 8. 

Figure. 2-3 show the absolute values of send and receive processing rates for pro- 
tocols (A) and (B). Fig. 2 shows that the receiver processing rate is higher than the 
send processing rate, but also degrades as the number of receivers increase. This is 
because, with increasing, there are an increasing number of retransmissions from the 
sender and the receivers, as evidenced in (6). Fig. 3 illustrate that the send processing 
rate is higher than the receiver processing rate. This is because the responsibility of 
the reliable transmission is given to the transparent proxy server between the sender 
and receivers. 

Fig. 4 plots the ratio of the protocol throughputs of (A) and (B) versus for values 
of p^ . Note that the (B) protocol always achieves a higher throughput than the (A) 
protocol. As expected, when the loss probability in the wireless network environment 
is low, the difference in relative performance of (B) over (A) is less than when the 
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loss probability is high. This is because a protocol with transparent proxy server 
places a very light burden on the sender for low loss probabilities while a sender- 
initiated scheme generates many negative acknowledgments that need to be processed 
at the sender. 



5 Conclusion 

In this paper, we have examined the problem of providing reliable multicast commu- 
nication in large scale networks including wireless access networks, when possibly 
many hosts in a wireless network may participate in a multicast group. We studied 
receiver-initiated (NAK-based) protocol with a transparent proxy server that take part 
in local retransmission to improve the performance of entire multicast network. We 
found, however, that among the receiver initiated multicasting protocols with a trans- 
parent proxy server we considered, that the (B) protocol was preferred by analyzing 
the gain ratio between two protocols. Another further issues is that of protocol delay. 
So far, we have restricted our attention to throughput performance of these protocols. 



References 

1. George Xylomenos and George C. Polyzos, "IP Multicast for Mobile Hosts," IEEE Com- 
munication Magazine, pp. 54-58, Jan. 1997. 

2. Vineet Chikarmane, Carey L. Williamson, Richard B. Bunt and Wayne L. Mackrell, "Mul- 
ticast support for mobile hosts using Mobile IP: Design issues and proposed architecture," 
ACM Mobile Networks and Applications 3, pp. 365-379, 1998. 

3. Hari Balakrishnan, Srinivasan Seshan and Randy H. Katz, "Improving Reliable Transport 
and Handoff Performance in Cellular Wireless Networks," ACM Wireless Networks, Vol. 
1, No. 4, Dec. 1995. 

4. Kevin Brown and Suresh Singh, "RelM: Reliable Multicast for Mobile Networks," Com- 
puter Communications 21, pp. 1379-1400, 1998. 

5. Hari Balakrishnan, Venkata N. Padmanabhan, Srinivasan Seshan and Randy H. Katz, "A 
Comparison of Mechanisms for Improving TCP Performance over Wireless Links," 
IEEE/ ACM Trans, on Networking 5(6), Dec. 1997. 

6. Eloyd, S., Jacobson, V., Liu, C., McCanne, S. and Zhang, L., "A Reliable Multicast Frame- 
work for Light-weight Sessions and Application Level Framing," IEEE/ ACM Transactions 
on Networking, Vol. 5, No. 6, pp. 784-803, Dec. 1997. 

7. Sung-Kwan Youm, Ji-Hoon Lee, Jae-Hyung Ryu, and Chul-Hee Kang "Improving Reliable 
Multicast Protocol Performance over Wireless Networks using A Proxy Server," Proceed- 
ings on 3Gwireless, May 2001. 

8. D. Towsley, J. Kurose and S. Pingali, "A Comparison of Sender-Initiated and Receiver- 
Initiated Reliable Multicast Protocols." IEEE Journal on Selected Areas in Communica- 
tions, 15:398-406, April 1997. 

9. Sneha K. Kasera, J. Kurose and D. Towsley, “A Comparison of Server-Based and Re- 
ceiver-Based Local Recovery Approches for Scalable Reliable Multicast.” Proceedings of 
IEEE Infocomm, March 1998. 




372 Sung Kwan Youm et al. 



10. S. Pingali, J. F. Kurose, and D. Towsley, “A comparison of sender-initiated and receiver- 
initiated reliable multicast protocols,” in Proc. 1994 ACM Sigmetrics Conf., May 1994. 

11. J. Kay and J. Pasquale, “Measurement, analysis, and improvement of UDP/IP throughput 
for the DECstation 5000,” in Proc. 1993 Winter Usenix Conf., Jan. 1993, pp. 249-258. 

12. J. Kay and J. Pasquale, The importance of nondata touching processing overheads in 
TCP/IP,” in Proc. ACM SIGCOMM ‘93, Aug. 1993, pp. 259-268. 




The Real-Time Implementation of Multi-channel 
AMR Codec Using TMS320C62xx DSP 



Hyung Jung Kim^, Deock Gu Jee^, Man Ho Park^, 

Byung Sik Yoon^, and Song In Choi^ 

Electronics and Telecommunications Research Institute, Mobile A/V Research Team 
161 Gajeong-Dong, Yuseong-Gu, Daejeon, 305-350, Korea 
{acekim.dgjee ,mano ,bsyoon, sichoi}@etri . re .kr 
http : / /www . etri . re . kr 



Abstract. ETRI adopt AMR codec for developing the 3GPP based 
IMT-2000 system. This paper presents the software and hardware im- 
plementation of multi-channel AMR codec. The real-time implementa- 
tion of AMR codec algorithm is achieved using TMS320C62xx DSP chip. 

We describe the efficient software scheme for implementing AMR codec 
and detailed hardware design. The multi-channel AMR codec is evalu- 
ated and confirmed in 3GPP test sequences, stand-alone test system and 
ETRI IMT-2000 prototype system. 

1 Introduction 

For demanding multimedia mobile communication and worldwide roaming ser- 
vices, the mobile telecommunication technology is rapidly moving from 2nd gen- 
eration mobile system to 3rd generation mobile system like IMT-2000 (Inter- 
national Mobile Telecommunications-2000). The 3GPP (3rd Generation Project 
Plan) has developed and standardized the IMT-2000 system. The 3GPP stan- 
dardized AMR codec as mandatory speech codec for IMT-2000 narrow-band 
telephony service in Feb. 1999. 

The AMR codec consists of the multi-rate speech coder [1], a source con- 
trolled rate scheme [2] including a voice activity detection [3] and a comfort 
noise generation system [4], and an error concealment mechanism [5] to com- 
bat the effects of transmission errors and lost packets. The AMR speech coder 
is a single integrated speech codec with eight source rates from 4.75 kbit/s to 
12.2 kbit/s, and a low rate background noise-encoding mode. The AMR codec 
is capable of switching its bit-rate every 20 ms speech frame upon command. 

The AMR codec selects the optimum source-coding rate (or codec mode) 
and channel-coding rate to deliver the best combination of speech quality and 
system capacity. The network controls the overall operation of AMR codec, in 
terms of used codec modes as well as general adaptation behaviour. 

For downlink and uplink, quality information is derived by estimating the 
current channel state. Based on the channel state unit, and also taking into 
consideration possible constraints from network control, the codec mode control, 
which is located on the network side, selects the codec mode to be applied. 
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In this paper we present software implementation based on 32-bit fixed-point 
TMS320C62xx DSP chip and whose hardware implementation for 3GPP-based 
IMT-2000 TRAU (TRanscoder Adaptation Unit) system. 

The brief AMR codec algorithm and its properties are explained in Sect. 2. 
Then, we explain the real-time implemented AMR codec scheme operating on 
TMS320C62xx chip and hardware scheme for AMR codec board for TRAU in 
Sect. 3 and Sect. 4 respectively. Finally we remark conclusions in Sect. 5. 

2 AMR Codec Algorithm 

The AMR codec uses eight source-coding mode with bit rate 12.2, 10.2, 7.95, 
7.4, 6.7, 5.9, 5.15, and 4.75 kbit/s and one DTX (Discrete Transmission) mode. 
12.2 kbit/s codec is called as EFR-GSM (Enhanced Full Rate-Global System for 
Mobile communication) speech codec, which is currently used in GSM system. 
7.4 kbit/s codec is standardized as IS-641 that is used in North America TDMA 
system. 6.7 kbit/s codec is used in PDG (Personal Digital Gellular) system in 
Japan. 

The AMR codec operates on 20 msec speech frames, each corresponding to 
160 samples. In addition, there is a look-ahead of 5 ms, resulting in a total 
algorithmic delay of 25 ms. All the codec modes are based on the GELP (code- 
excited linear prediction) coding model. A 10th order linear prediction (LP) is 
used. In this model, the excitation signal at the input of the short-term LP 
synthesis filter is constructed by adding two excitation vectors from adaptive 
and fixed codebooks. The speech is synthesized by feeding the two properly 
chosen vectors form these codebooks through the short-term synthesis filter. The 
optimum excitation vector in a codebook is chosen using an analysis-by-synthesis 
search procedure in which the error between the original and synthesized speech 
is minimized according to a perceptually weighted distortion measure. All of 
speech mode have similar encoding scheme except their bit frame. In each 20 
ms speech frame, 95, 103, 118, 134, 148, 159, 204 or 244 bits are produced, 
corresponding to a bit-rate from 4.75 to 12.2 kbit/s. 

3 Software Scheme for Real-Time Implementation 

To implement AMR codec using fixed-point DSP chip, first of all we should get 
the fixed-point G language source program [6]. The AMR codec fixed-point G 
source has been released by ETSI (European Telecommunication Standards In- 
stitute). In the second step, we design the function call-tree, which shows how 
many subroutines have been used and how much call depths are needed. In 
third step, we design the memory map for the real-time operation. It is possible 
that we estimate local memory usage and global memory usage. Local memory 
is used for locally used variables, while global memory for the variables with 
permanent and continually updated. Then, we program each subroutine. We 
perform fixed-point G optimization using TMS320G62xx compiler intrinsic for 
cross compile. We analyzed the efficiency of assembly code resulting from cross 
compile at each subroutine. We carried out linear assembly optimization for non- 
efficient subroutine and specially hand-coded assembly language optimization for 
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Fig. 1. Software architecture of AMR codec 



high complexity subroutine. In hand-coded assembly optimization procedure, we 
focused on efficient instruction selection, paralleling, pipelining, and register al- 
location to reduce complexity. After finishing the each subroutine programming, 
we should make comparison between fixed-point C source result and developing 
program result. We merge all the subroutines and verify their performances with 
test sequence provided by ETSI [7]. At last, we add the interrupt service routine 
for PCM data control. 

The software implementation of multi-channel AMR codec is developed and 
evaluated using a PCI/C6202 EVM board with TMS320C6202 DSP, which is 
operated at 250 MHz with 128 K-word internal program memories and 64 K- 
word internal data memories. The PCI/C6202 EVM board also has a 16 M-word 
SDRAM and a 512 K-word Flash ROM. The TMS320C62xx DSP chip has two 
multipliers and six ALUs and can perform eight 32-bit instructions in parallel 
at every CPU clock. To reduce complexity, we should use its parallelism fully. 

After hardware booting operation, the software-booting and initialization 
module, which run firstly, downloads program and data from Flash-ROM to 
internal memory of TMS320C6202 DSP and initializes McBSP (Multi-channel 
Buffered Serial Port), DMA (Direct Memory Access) controller and internal data 
memory of TMS320C6202 DSP. 

The architecture of the software, which includes real-time AMR codec pro- 
gram, is shown in Fig. 1. The software for real-time operation consists of a main 
control module and three functional modules. The three functional modules are 
the AMR encoder, AMR decoder and interrupt handler. The interrupt handler 
module is divided PCM interrupt handling routine and external command han- 
dling routine. The PCM interrupt handler controls input/output of PCM data 
via ST-BUS and operation of encoder and decoder. The external command han- 
dler controls service to command that is sent by host processor and transfer of 
packet data [8]. 

Table 1 shows the results of the real-time implementation of AMR codec 
algorithm on PCI /C6202 EVM evaluation board. All the modes have been 
verified by 22 speech mode test sequences and 4 DTX mode test sequences 
provided by ETSI. 
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Table 1. Result of real-time Implementation 



Item 


Performance 


Program Size 


71 K-words 


Data Size 


52 K-words 


Complexity 


12.2 kbit/s 


15 MHz 


10.2 kbit/s 


13 MHz 


7.95 kbit/s 


13 MHz 


7.40 kbit/s 


13 MHz 


6.70 kbit/s 


13 MHz 


5.90 kbit/s 


11 MHz 


5.15 kbit/s 


11 MHz 


4.75 kbit/s 


15 MHz 
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Fig. 2. Block diagram of AMR codec board 



4 Hardware Scheme for AMR Codec Board 

AMR codec board, which is shown in Fig. 2, is located in CNS (Core Network 
simulator), which constitutes ETRI IMT-2000 system. AMR codec board is de- 
signed as an add-on board style. 

This board briefly has four AMR codec blocks and a programmable EPLD 
(Electric Programmable Logic Device). Each AMR codec block consist of a 
TMS320C6202-250MHZ DSP, a DPRAM (Dual Port RAM) and a Flash-ROM. 
DPRAM transmits and receives AMR coded packet data and external commands 
from host module. Flash-ROM is used for the purpose of self-booting. We use 
an EPLD for generating signal to control other devices. We use J-Tag port for 
debugging AMR codec. 

When power is on, the AMR codec program is downloaded to internal pro- 
gram memory of TMS320C6202 DSP chip from Flash-ROM in board. Then, in- 
ternal register, internal data memory, McBSP, DMA of TMS320C6202 DSP chip 
and DPRAM are initialized. After initialization, the DSP wait for 20 msec inter- 
rupt. Whenever 20ms interrupt occurs, the interrupt handler receives/transmits 
packet data from/to DPRAM and starts an encoding routine. The decoding rou- 
tine begins after the completion of an encoding routine. The real picture of AMR 
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Fig. 3. AMR codec board picture 




Fig. 4. Stand-alone test system picture 



codec board is shown in Fig. 3. AMR codec board consist of four TMS320C6202 
DSP chip and each DSP has the ability to process 8-channels. So, implemented 
AMR codec board has the capability of processing 32-channels. 

We also develop the stand-alone test system for operation verification of 
AMR codec. This test system, which includes TMS320C5410 DSP chip, performs 
the verification of implemented AMR codec software and hardware before real 
operation in ETRI IMT-2000 prototype system. This test system, which is shown 
in Fig. 4, simulates all the operations, which is expected to occur in real system. 
In this test system, we simulate Land-to-Mobile call operation, Mobile-to-Land 
call operation and Mobile-to-Mobile operation. 

The brief description of verification operation using AMR codec board and 
test system is followed. The speech signal from microphone or handy-set is 
converted into PCM data using codec in test sytem and sent to McBSP in 
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TMS320C6202 DSP chip through ST-BUS. The PCM data is accumulated in 
the buffer by DMA controller. At encoder, the PCM data is converted to trans- 
mission parameter packet after the AMR encoding procedure. The PCM data 
is reconstructed from the transmitted parameter packet after decoding proce- 
dure. The analog speech signal is unquantized from PCM data by codec and 
transferred to speaker or handy-set. 

5 Conclusion 

In this paper, we present the AMR codec software and hardware implementation 
using TMS320C6202 DSP chip. We perform fixed-point C-code optimization, 
linear assembly optimization, and hand-coded assembly optimization for multi- 
channel real-time operation. The performance of implemented system shows 72 
K-word program memories, 52 K-word data memories and reasonable complexity 
from 15 to 11 MHz clock cycle. We present an efficient software scheme for real- 
time implementation. We design and develop an AMR codec board. We also 
describe efforts for verifying its operation using our stand-alone test system. 
The AMR codec software and hardware have been evaluated in test sequence, 
this test system and ETRI IMT-2000 prototype system. The implemented AMR 
codec has the capability of processing 32-channels with four TMS320C6202 DSP 
chip. We note that the system shows good and convincible speech quality. 
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Abstract. Next generation wired/wireless network is being developed based on 
IP technology. In such IP based network, especially in a mobile environment, 
seamless mobility support is essential. However, existing Mobile IP, which is a 
typical mobility support protocol in an IP network, cannot satisfy all require- 
ments for a future network. Especially the support for real-time service is criti- 
cal issue in Mobile IP. In this paper, we have reviewed existing fast handover 
methods and proposed new handover scheme to enhance existing tunnel based 
handover method. Our proposed method has showed good performance for re- 
ducing traffic overhead in a backbone network. We think our proposed method 
will be useful in the IP based network in which there are a number of users us- 
ing long real-time service, or the condition of traffic overhead is should be con- 
sidered seriously in the network. 



1 Introduction 

IP technology is being introduced in telecommunication networks as well as data net- 
works due to the explosive growth of Internet users and applications. The future uni- 
fied network using IP technology is being standardized as All-IP network and it owes 
to these trends. An important problem to have to be solved in the IP based network is 
the provision of real-time service which was a basic service in the current circuit- 
switched network. This problem is more important in a mobile environment in which a 
terminal is moving. 

Currently Mobile IP is considered as a typical protocol for mobility support in an IP 
network. However, Mobile IP should do registration to Home Agent (HA) whenever a 
mobile node changes a subnet. This registration could cause packet loss and latency 
which may not be acceptable in real-time services. Especially the latency problem 
should be solved because real-time service such VoIP will be an essential service of an 
IP based future network. 
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The studies in IETF related to the support of real-time services are being pro- 
gressed with two approaches. The first one is the approach using hierarchical architec- 
ture and the second one is the approach which decrease latency time using layer 2 
trigger. In the first approach, mobility agents are configured hierarchically and the 
local mobility are managed not globally but locally by a local mobility agent such as 
Gateway FA in IPv4, Mobility Anchor Point in IPv6[l][2]. On the other hand, in the 
second approach, which uses layer 2 triggers, layer 2 registration and layer 3 registra- 
tion are overlapped or the bi-directional tunnel between previous access router and 
next access router is used for reducing layer 3 registration latency [3] [4]. The second 
approach is called “Fast Handover method”. Currently the importance of the fast 
handover method is increasing according to the growth of need for real-time service in 
an IP network. Therefore the fast handover is becoming main study item in the IP 
based future network area. 

Described two approaches have strengths and weakness respectively. Therefore the 
proper combination of these two approaches could be more effective. That is, we may 
use the regional registration for reducing layer 3 registration, i.e. Mobile IP registra- 
tion, latency and simultaneously overlap it with layer 2 registration for more effective 
handover. 

The method using layer 2 triggers also can be classified into two types. The first is 
that mobile node performs Mobile IP registration using layer 2 triggers before layer 2 
registration is completed. The anticipated handover method in Mobile IPv6 is a typical 
example of this type. The second is that the packet destined to mobile node is for- 
warded through the bi-directional tunnel between old AR (Access Router) and next 
AR which is built previously using layer 2 triggers. Tunnel based handover method in 
Mobile IPv6 is a typical example of this type. Recent studies have shown that the 
performance of the second method is better than that of the first method [5]. There- 
fore, current studies for fast handover focus on the second method. 

However, the second method, the tunnel based handover method may have a prob- 
lem if the length of bi-directional edge tunnel (BET) become too long. The long BET 
may cause unnecessary traffic in the wired backbone network and increase the number 
of failure points on the path. The problem caused by the long BET can be serious if 
the number of mobile node is large, or the condition of traffic overhead is should be 
considered seriously in the network. To address this problem, we propose the new 
method to limit the length of BET even in case that long period real-time service is 
needed. 

This paper consists of as follows. First, Section 2 describes the operation and the 
existing problem of tunnel based handover method. In Section 3, we propose new 
tunnel based handover method which could reduce the traffic increase due to the long 
length BET. Finally, we show the result of performance analysis and conclude this 
paper. 

2 Existing Fast Handover Methods 

A fast handover method assumes basically the layer 2 triggers which inform the 
change of link layer attachemnt point. Table 1 shows the kinds of layer 2 triggers 
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considered in the tunnel based handover method. The MN/Source/Target trigger is the 
pre-triggers to indicate imminent change of layer 2 attachment point to MN, old 
AR(oAR), new AR(nAR) respectively. On the other hand, Link-UP/Link-Down is the 
trigger to indicate the completion of change of layer 2 attachment point. Link-Down is 
made when the link of mobile node to old AR is disconnected and Link-Up is in- 
formed when the link of mobile node to new AR is estblished. 



Table 1. Layer 2 triggers 



L2 Trigger 


Recipient 


When ? 


Parameters 


MN Trigger 


MN 


Sufficiently before L2 HO 


nAR IP Addr. ID 


Source Trigger 


oAR 


Sufficiently before L2 HO 


nAR IP Addr. ID MN IP 
Addr. ID 


Target Trigger 


nAR 


Sufficiently before L2 HO 


oAR IP Addr. ID 
MN IP Addr. ID 


Link-UP 


MN or 
nAR 


When radio link between 
MN & nAR is established 


nAR IP or L2 addr 


Link-Down 


oAR 


When radio link between 
MN & oAR is lost 


MN IP Addr. ID 



The brief operation of tunnel based handover method using the triggers described in 
Table 1 is showed in figure 1. 

In figure 1, it is assumed that a mobile node moves from oAR to nAR(l), nAR(2), 
..., nAR(k) successively. First, oAR performs the role of anchor AR when a mobile 
node moves from oAR to nAR(l). oAR and nAR(l) establish BET by exchanging 
messages (HI/HACK). After establishing the BET, oAR intercepts the packets des- 
tined to a mobile node and forwards it to nAR. If a mobile node is going to send a 
packet to CN, the packet is forwarded to oAR through nAR and then is sent to CN. 
After that, if a mobile node moves toward nAR(2), nAR(l) informs the information 
about oAR such as IP address, layer 2 address etc. to nAR(2) by using HTT(Handover 
To Third) message. After nAR(2) establish BET to oAR. oAR removes the BET be- 
tween oAR and nAR(l) after setup new BET. Now the packet data destined to a mo- 
bile node are forwarded to nAR(2) through oAR. This procedure is continued until a 
mobile node needs not to do fast handover no longer. 

As described in Section 1, a mobile node maintains its Care of Address (CoA) even 
when it moved old AR to new AR in tunnel based handover method. That is, the BET 
between old AR and new AR is used to receive and transmit of packet data in a mobile 
node without requiring new CoA for mobile node in new AR’ s subnet. In this method, 
new layer 3 registration to CN/HA is not performed. Therefore, the latency could be to 
zero if the layer 2 information is provided properly. That is, tunnel based handover 
method is simple and can reduce the latency due to layer 3 registration dramatically. 

Another existing fast handover approach is anticipated handover method. In this 
approach, new CoA is configured before finishing the layer 2 handover using a layer 2 
trigger. Therefore, a mobile node can use a new CoA as soon as it change its attach 
point to new AR. However, some studies report that the performance of this method is 
generally worse than that of tunnel based handover method because it need relatively 
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sophisticate procedure and frequently the timing margin of layer 2 trigger is not 
enough to satisfy the requirement for new CoA configuration. Therefore, now tunnel 
based handover method is considered as a strong candidate for the fast handover 
method in Mobile IPv6. 




aAR 



Movement 




MN 



Fig. 1. Tunnel based handover method 

However, this tunnel based handover may also have a problem if the fast change of 
layer 2 attach point is continued for a long time and as result of that the length of BET 
become long. In this case, the number of router on the path between anchor AR and 
new AR can be large and it increases unnecessary traffic in a backbone network and 
the number of failure point on the path. 



3 Proposed Method to Limit the Length of BET 

In this paper, we propose a new method to enhance of tunnel based handover method 
to solve the problem described in section 2. To limit the length of BET, we adopt the 
scheme in which the anchor AR is forced to exchange it role with pre-defined other 
AR. That is, all ARs are grouped by pre-defined number. The group is configured 
logically not physically. In order to configure groups, various factors could be used 
such as the number of AR change, hop count of BET and so on. In this paper, the 
number of AR is only considered for simplicity. 

In the case of using the number of AR change, if it reaches the pre-defined number, 
current anchor AR pass its role as anchor into new AR. As result of that, the length of 
BET can be limited under the specified value. Figure 2 shows the structure of the 
enhancement of tunnel based handover method. 
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Fig. 2. The structure of the enhancement of tunnel based handover method 
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Fig. 3. The format of HACK(b) 

In the figure 2, aAR(l) counts the number of AR changes. When the number be- 
come p, aAR(l) send a message to request nAR(p) to do a role of anchor AR, which is 
the p-th AR. nAR(p) receiving this requesting message sends binding update(BU) 
message to CN/HA regardless of the existence of the mobile node within its service 
coverage. After that, current serving nAR maintains its BETs to both aAR(l) and 
nAR(p) until the packet destined to a mobile node is being forwarded to nAR(p), not 
aAR(l), as result of the successful binding update. It is for preventing packet loss and 
keeps the real-time property even during the change of anchor AR. When a mobile 
node receives the packets through the nAR(p), current nAR now removes the BET 
between aAR(l) and current nAR. This procedure is repeated whenever the number of 
AR is the multiple of p. 

There is no new message except a message to request of exchange of anchor role to 
nAR(p) and nAR(pH-l). Even these messages can be made easily with existing HACK 
and HTT message in the existing protocol. We have named this message as HACK(b) 
and HTT(b). The format of HACK(b) is shown in figure 3 and HTT(b) is obtained 
from HI and HACK. 

Only one difference with existing HACK message is the B bit which was a bit in 
reserved field in case of existing message. If a AR receives HACK(b) message in 
which B bit is set to 1 , the AR have to take a role of anchor AR including sending BU 
to CN/HA, as described in above. 
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(a) Message exchange when MN moves from AR(p-l) to ARfp) 




(b) Message exchange when MN moves from ARfp) to AR(p+l) 
Fig. 4. The exchange of a role as anchor AR 



Figure 4 illustrates the operation of the exchange of anchor AR and a source trigger 
is assumed. 

An aAR counts the number of nAR changes. If the number becomes p-1 and aAR 
receives Hl(t) , then aAR replies with HACK(b) so as to request nAR(p) to do a role 
of anchor AR as shown in figure 4(a). After that, when an MN is going to move from 
ARfp) to AR(p+l) and pre-handover trigger (source trigger in this paper) is received, 
ARfp) sends HTT(b) message to ARfp-tl) which includes the information for request- 
ing the exchange of anchor AR as well as for aAR as shown figure 4(b). 

The AR receiving HTT(b) establish BET with ARfp) as well as aAR. Then ARfp) 
sends binding update message toward CN/HA. These two BETs are maintained even 
though the AR serving MN is changed until BU is succeeded and forwarded packets 
destined to MN arriving at current AR serving MN through ARfp). It is done for sup- 
porting the real-time property even during changing anchor AR. Current AR receiving 
forwarded packets destined to MN though ARfp) removes the BET to aAR. Now the 
anchor AR in BET is changed from aAR to nAR(p). The procedure is repeated when- 
ever AR is p-th changed again. 

Eigure 5 shows the timing diagram of the enhancement of tunnel based handover 
method. 
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Fig. 5. Timing diagram of the enhancement of tunnel based handover method 



4 Performance Analysis and Conclusions 

Figure 6 shows the comparison of traffic overhead of existing tunnel based handover 
method and our proposed method. In this analysis, we assume the following condition. 

• Each normal router in a backbone network (i.e. not Access Router) is connected to 
two ARs 

• The movement of a mobile node has only one direction 

• A mobile node moves toward CN 

In the figure 6, our proposed method shows lower traffic overhead compared with 
existing tunnel based handover method. If we choose lower value of p, the reduction 
of traffic overhead will be increase. However, the value of p should be chosen prop- 
erly depend on a network environment because the low value of p may require more 
frequent signaling. 

In this paper, we have reviewed existing fast handover methods and proposed new 
handover scheme to enhance existing tunnel based handover method. Our proposed 
method showed good performance for reducing traffic overhead in a backbone net- 
work. We think our proposed method will be useful in the network in which there are 
a number of users use long real-time service, or the condition of traffic overhead is 
should be considered seriously in the network. In some aspects, the grouping scheme 
using hop count of BET may be more efficient than the proposed scheme in this paper 
and it is our next study item. In conclusion, the support for real-time service is critical 
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issue in an IP based future network. Therefore, we think more research and implemen- 
tation is needed in this area. 




Time 



Fig. 6. The comparison of traffic overhead 
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Abstract. Multicasting over mobile IP network becomes more important with 
the increasing needs of supporting multimedia services in mobile network. 
IETF has suggested two approaches which are remote subscription and bidirec- 
tional tunneling for supporting mobility management in multicasting over mo- 
bile IP. And the advanced schemes such as Mobile Multicast (MoM), Range- 
Based Mobile Multicast (RBMoM) have been proposed. But, these protocols 
have problems - frequent reconstruction of multicast delivery tree, packet loss 
during handoff, convergence problem, and so on. In this paper, we propose to 
use preconfiguration of multicast delivery tree when mobile host enters the for- 
eign network. It will decrease the frequency of multicast delivery tree recon- 
struction, and reduce the packet loss during handoff. Also using Keep Alive 
messages between foreign agents makes the signaling overload of networks di- 
minished, because the number of foreign agents which are virtually connected 
with current foreign agent that mobile host attaches to will remain constant. 



1 Introduction 

With the increasing of demands of multimedia service, Internet broadcasting, au- 
dio/video conferencing, multiplayer online gaming and etc., multicasting could prove 
to be an efficient way of providing necessary services for these applications. Multi- 
casting, which is the process of sending messages from one source to multiple desti- 
nations using the same IP address, is necessary for supporting mobile IP based net- 
work [I], [2]. 

The IETF has proposed two approaches to provide multicast over Mobile IP [3]. 
They are called bidirectional tunneling and remote subscription. In bidirectional tun- 
neling, Mobile Hosts (MHs) send and receive the packet by way of their Home 
Agents (HAs), using unicast mobile IP tunnels from their HAs. All subscription of 
the MH is done through the HA, so the multicast delivery tree will not be updated [4] . 
But, the routing path for multicast delivery can be far from optimal, and tunnel con- 
vergence problem may occur. In remote subscription, MHs resubscribe to the multi- 
cast group whenever they move to the new foreign network. Although the multicast 
datagrams are always delivered on the shortest paths, this approach may lead to lost 
packets and result in substantial control overhead since frequent resubscription in 
each foreign network [5], [6], [7], [8]. 
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Many proposals, which are based on bidirectional tunneling and remote subscrip- 
tion protocol, have been proposed to overcome their disadvantages. Mobile Multicast 
(MoM) has been proposed to solve the tunnel convergence problem in bidirectional 
tunneling. MoM selects only one HA among the given set of HAs, and the selected 
HA becomes Designated Multicast Service Provider (DMSP). Although MoM solves 
the tunnel convergence problem, it may result in low performance due to long path of 
multicast datagram transmission. Range Based Mobile Multicast (RBMoM), the en- 
hancement of MoM, provides a tradeoff between the shortest delivery path and the 
frequency of multicast delivery tree reconfiguration. But, the cost of multicast deliv- 
ery tree reconstruction may be high when the MH moves to the node far from the 
current multicast one [9]. 

Our proposal is based on remote subscription. It previously makes a multicast de- 
livery tree of MH’s multicast group ID not only in the MH’s FA but also in its 
neighboring FA. The FA having a multicasting MH operates as Active Foreign Agent 
(AFA) and it sends Keep Alive messages to its neighboring FAs (Standby Foreign 
Agent, SFA) to hold the MH’s multicast delivery tree. When MH moves to new SFA, 
it receives multicast packet from AFA as well as SFA until handoff completion. The 
proposed scheme will decrease the frequency of multicast delivery tree reconstruc- 
tion, and reduce the packet loss during handoff. And, the number of SFAs will remain 
constant, because SFAs that don’t receive Keep Alive message are removed from 
multicast group entry and changed to normal FA. It makes the signaling overload of 
networks diminished. 

This paper is organized as follows. Section II describes some background of multi- 
cast over mobile IP, and shows the various proposals of supporting mobility man- 
agement in multicast over mobile IP. Section III explains the proposed scheme being 
divided into two phases. First phase is the join-and-leave procedure of multicast 
group. Second phase is the handoff process of the proposed scheme. Finally, we con- 
clude this paper in section IV. 

2 Multicast over Mobile IP 

In this section, we describe existing multicast routing protocols in mobile environ- 
ment. 

2.1 Remote Subscription 

This approach is based on FA. In this approach, each MH always resubscribes to the 
desired multicast group when it moves to a new foreign network. It is the simplest 
way of providing multicast through Mobile IP. The main advantage of this approach 
is that the multicast datagrams are always delivered on the shortest paths. However, 
this approach is not suitable for highly mobile users since frequent resubscription in 
each foreign network may lead to packet loss (Fig. 1). And, frequent reconfiguration 
of the multicast delivery tree may result in substantial control overhead. 
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Fig. 1. The Packet Loss Problem in RS 

2.2 Bidirectional Tunneling 

This approach is based on HA. Thus, the MHs send and receive multicast datagrams 
by way of their HAs, using unicast Mobile IP tunnels from their HAs. In this scheme, 
all subscription of the MH is done through the HA. Therefore, the multicast delivery 
tree will not be updated. 

The drawback of this approach is the routing path for multicast delivery which can 
be far from optimal. In addition, when MHs which belong to different HAs move to 
the same FA, all of the tunnels from different HAs to the FA would carry the same 
multicast datagram. As the result, the network resource will be wasted. This is called 
the tunnel convergence problem (Fig. 2). 

2.3 MoM, RBMoM 

MoM based on bidirectional tunneling has been proposed to solve the tunnel conver- 
gence problem. This protocol selects one HA among the given set of HAs which are 
called DMSP. Only DMSP forwards multicast packets to the FA. Thus, MoM avoids 
packet duplication in the FA and solves the tunnel convergence problem. But it may 
result in packet loss if the MH belonging to the currently serving DMSP moves out. 
The FA doesn’t know about the MH movement until its lifetime is expired. So, within 
the handoff duration and the MH’s lifetime, the FA will not receive any packets for 
that group. As a result, packet loss could occur. Furthermore, low performance due to 
long path of multicast datagram transmission in bidirectional tunneling remains as 
before. 

RBMoM intends to trade off between the shortest delivery path and the frequency 
of the multicast delivery tree reconfiguration. This protocol selects a Multicast Home 
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Agent (MHA) which must be one of the multicast group members. The MHA is re- 
sponsible for tunneling multicast packets to the FA to which the MH is attached. In 
MoM, DMSP is fixed, but in RBMoM, MHA is dynamically changed. So, RBMoM 
supports the shortest path which was not supported in bidirectional tunneling. In 
addition, a MHA can serve the MHs which are roaming around the foreign networks 
which are within its service range. If a MH changes its attachment within the range 
which is served by current MHA, tree reconfiguration, which was the problem in 
remote subscription, won’t be required. So, packet loss is more decreased than remote 
subscription. 




Fig. 2. The Tunnel Convergence Problem in BT 



3 Proposed Scheme 

Our proposal, based on Remote Subscription, is that a multicast delivery tree of a MH 
is preconfigured not only in the FA which the MH currently attaches to, but also in its 
neighboring the FA. 

At first, we will show the schematic characteristics and explain two phases of the 
proposed scheme. First phase is the step that the MH subscribes into the FA as a mul- 
ticast group and leaves from the FA. Second phase is the procedure when a handoff 
occurs. It is supposed that all FAs are multicast routers in this approach. And Active 
foreign agent (AFA) is a FA that receives a request to join the multicast group from a 
MH. Standby foreign agent (SFA) is a neighboring FA of AFA and receives a request 
from AFA to configure the multicast delivery tree. 



3.1 Schematic Characteristics 

Preconfiguration of Multicast Delivery Tree. If a MH requests to join a multicast 
group, the Active-FA with the MHs sends the multicast group ID to its neighboring 
FAs(Standby-FAs). Standby-FAs will update multicast delivery tree by getting multi- 
cast group ID from the Active-FA. During handoff, The MH holds connection not 
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only with the Active-FA, but also with Standby-FAs. The MH will receive multicast 
packets from both the Active-FA and Standby-FAs until moving to the new FA re- 
gion entirely. 

Keep Alive Messages. SFAs will receive periodically Keep Alive messages from 
AFA and set the timer of Keep Alive message. If SFA doesn’t receive Keep Alive 
message, it will be changed as normal FA. When the MH moves to new foreign net- 
work, the FA will be a new AFA and it will send Keep Alive messages to its 
neighboring FAs. 



3.2 PHASE I - The Procedure of Joining a Multicast Group 

As the MH wants to join into a multicast group, it uses Internet Group Management 
Protocol (IGMP) like Remote Subscription as stated in section II. After a MH sends 
IGMP report messages to FA for joining a multicast group, a AFA configures multi- 
cast tree and sends multicast group ID to SFAs for configuring multicast delivery tree 
(Fig. 3). This method saves the time of both the search for multicast routers and the 
configuration of multicast delivery tree because the multicast delivery tree of MH’s 
multicast group ID is preconfigured before handoff happens. 

If SFA receives a request message to join a multicast tree about any multicast group 
from AFA, it may search for upper multicast router having the shortest path about the 
multicast group and then preconfigure multicast delivery tree by means of registering 
upper multicast router’s table. 

SFA has the timer of Keep Alive messages and receives the messages from AFA 
within a timeout period. If the timer is expired, SFA will request upper multicast 
router to eliminate multicast delivery tree table and leave the membership of the mul- 
ticast delivery tree. 



3.3 PHASE II - The Procedure of Handoff 

The existing remote subscription causes packet loss because it has the reconfiguration 
time of multicast delivery tree and the performance may be fallen down during the 
continuous handoff. 

In the proposed scheme, the handoff procedure of the MH is as follows. When a 
MH moving from AFA to SFA exists in the common region of both AFA and SFA, it 
receives multicast packet from both AFA and SFA at the same time. And, the MH 
only receives the packet from SFA when the MH moves perfectly into SFA’s region. 
The FA where the MH having multicast group ID arrives will be changed from SFA 
to new AFA (Fig. 4). 

A previous AFA from which the MH departs will become SFA and the previous 
SFA near to previous AFA (current SFA) may not receive a Keep Alive message 
from previous AFA. So, timeout will happen in the previous SFA and the previous 
SFA leaves the multicast group entry of previous MH. 
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A new AFA in which the MH resides sends its neighboring FAs multicast group 
ID to configure multicast delivery tree as being mentioned in Phase I. Then the AFA 
will periodically send Keep Alive messages to its neighboring SFAs to hold the mul- 
ticast delivery tree. 

The proposed scheme will decrease the frequency of multicast delivery tree recon- 
struction, reduce the packet loss, and guarantee the seamless service during handoff 
by using preconfiguration multicast delivery tree. Because SFAs that don’t receive 
the Keep Alive message are removed from multicast group entry and changed to 
normal FA, the number of SFAs will remain constant. It will make the signaling over- 
load of networks diminished. 



4 Conclusion 

In this work, we have addressed the issues associates with providing IP multicast 
service to the mobile host. We propose a scheme that supports preconfiguration mul- 
ticast delivery tree and sending/receiving Keep Alive message. The proposed scheme 
will decrease the frequency of multicast delivery tree reconstruction, and reduce the 
packet loss during handoff. Also, the signaling overload of network will be dimin- 
ished using Keep Alive messages, because the number of SFAs which is virtually 
connected with current AFA will remain constant. 

We are currently performing simulations of our proposed scheme, and the results 
will appear in a forthcoming paper. 
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Abstract. This paper presents the efficient mobility and the bandwidth reserva- 
tion mechanism to guarantee the Quality of Service (QoS) on the General 
Packet Radio Service (GPRS) network. The proposed method takes advantage 
of the HLR (Home Location Register) for establishing the bi-directional Re- 
source Reservation Protocol (RSVP) path and the GGSN (Gateway GPRS 
Support Node) for supporting RSVP set-up. Our proposal can reduce the RSVP 
reconfiguring time at handover time of a Mobile Host(MH), and shows the re- 
sult of cost analysis. 



1 Introduction 

With the advent of 3G next generation network service such as Code Division Muti- 
ple Access, the General Packet Radio Service (GPRS) and the Wideband Code Divi- 
sion Mutiple Access (WCDMA), the transport and mobility management of both 
voice and data traffic is gradually transformed from circuit-based fixed network into 
IP-based mobile network [1]. In addition, the use of Mobile Hosts (MHs) increases 
abruptly and its users request high quality of multi-media service. 

There are some architecture options to evolve the existing mobile network into a 
fully integrated IP-based wireless next generation network such as near-term, mid- 
term, and long term networks [1]. In these networks, IP-based traffic control and 
mobility management protocols (e.g.. Session Initiation Protocol (SIP) [2], Mobile IP 
(MIP) [3] and its companions such as Route Optimization [4], cellular IP [5], 
HAWAII [6], etc) will be applied to an MH directly. The core network is all IP based 
and shared by different wireless and wireline access technologies. 

For supporting Quality of Service (QoS) and IP mobility at the same time. Some 
schemes have been proposed to resolve the impact of mobility on the RSVP (Re- 
source Reservation Protocol) [7] in mobile computing environments such as RSVP 
Tunnel, Mobile RSVP, and hierarchical MRSVP [8] - [11]. 

Nevertheless, there still are some problems in QoS and mobility. First, it takes 
long time to reconfigure the RSVP path as an MH performs handover, because the 
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RSVP path is established from sender to receiver. Second, the RSVP path is uni- 
directional. This is not suitable for multimedia service like voice service and real time 
data service. These problems cause the network performance to be degraded and 
users requesting high QoS are not satisfied sufficiently. 

For solving these problems, we propose a mechanism supporting mobility and 
bandwidth reservation induced by the Home Location Register (HLR). When an MH 
registers to any cell site in its own HLR domain or other’s, that is, regardless of any 
HLR domain within GPRS networks, the HLR receives MH’s IP address, MH’s host 
name, and the Mobile Identification Number(MIN) stored in the HLR data base pre- 
viously. By using the information in the HLR, the RSVP path is established bi- 
directionally for the initial connection at setup time. And then, at MH’s handover 
time for seamless mobility, the MH performs handover locally by handover mecha- 
nism similar to cellular’s with the bi-directional RSVP path reserved within each 
smaller sub-domain system such as GGSN, SGSN, etc. 

In this paper, we survey the existing related works in chapter 2. Our proposal is 
explained in chapter 3. The result of costs is shown in comparison with the MIP in 
chater 4. Chapter 5 concludes this paper. 

2 The Existing Mechanisms for Supporting Mobility 
and QoS on the Network 

Generally, the RSVP provides a mechanism for reserving resources along the path 
from a source to a destination host so that subsequent data packets are guaranteed to 
have certain bandwidth available and meet certain delay bounds. 



Path Path Path 




Fig. 1. Basic Exchange of RSVP Messages 

As shown in Fig.l, the operation of the RSVP can be summarized as follows. The 
source host sends an initial signaling packet (called a Path message) to record the 
route taken to the destination. The destination node determines the network resources 
needed to meet the desired QoS, and replies with a resource reservation packet which 
travels , in reverse, exactly the route taken by the Path message, and as it does so, 
reserves bandwidth and processing resources at the routers along the reverse path. 
Subsequent data packets sent by the Correspondent Node(CN) thus enjoy guaranteed 
bandwidth and resources. However, this is not for supporting mobility. 

For supporting mobility in RSVP setup procedures, there are some investigations 
such as the RSVP Tunnel, the MRSVP [10], and the HMRSVP [9]. The RSVP Tun- 
nel [8] proposed RSVP Tunneling to resolve the RSVP message invisibility problem. 
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The underlying principle of the RSVP Tunnel is to establish nested RSVP sessions 
between the tunnel end-points, namely entry and exit points. The MRS VP [10] was 
proposed to achieve the desired mobility independent service guarantees for real-time 
multimedia applications in an Integrated Service Packet Network. The MRSVP pro- 
tocol makes advance resource reservations at multiple locations where an MH may 
possibly visit during the service time. The main idea of HMRSVP protocol is to inte- 
grate the RSVP with a Mobile IP regional registration protocol and make advance 
resource reservations only when the handover delay tends to be long. 

In spite of efforts of the above all, the RSVP path is still uni-directional, which is 
not suitable for the multimedia service like voice service. 

On the other hand, the HMRSVP [9] is good for supporting mobility because the 
MH is maintained well when the MH resides in the same sub-network. 



3 Proposal of Network Architecture 

In this section, we discuss our scheme establishing the bi-directional RSVP (Bi- 
RSVP) path with HLR. For this, we describe some functions of each element, proce- 
dures of each behavior, and some features. In this paper, we look into the only differ- 
ent functions from existing ones. 




3.1 Network Elements and Their Functions 

Each element has some functions as follows; 

• An MH and a CN inform their information, that is, IP addresses, host names and 
MIN of their HLRs via a Serving GPRS Support Node (SGSN) and a Gateway G 
PRS Support Node (GGSN) at registration time. In addition, the CN and the MH 
can request information of peer host and the Bi-RSVP setup at the same time. 

• A GGSN plays a role of gateway mobile agent. The GGSN encapsulates and deca 
psulates the message related to the RSVP path setup. 
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An HLR receives the IP address and the host name of CN and MH. So, the HLR 
database has host name of terminal, IP address, GGSN IP address as Care of Address 
(CoA) which is connected to the registering MH. In addition, the HLR has a function 
to trigger GGSN for establishing the Bi-RSVP in proposed networks. 

3.2 Operational Overview 

In this section, we discuss registration procedure, Bi-RSVP setup procedure, and the 
RSVP reconfiguration procedure after handover. 

• Registration 

In our proposed network, all basic schemes and functions for mobility management 
as registration and handover follow those of cellular system. 

Like cellular network in Fig. 3, All CNs and MHs also send registration informa- 
tion to the SGSN, which then forwards the received parameters to the HLR via the 
GGSN with Updating Request message on the GPRS network. 

At this time, the information sent to the HLR is host name, IP address of the CN or 
the MH, and IP address of GGSN as CoA. 




Fig. 3. Registration of a host 



• Bi-RSVP path setup procedure 

In our proposed GPRS network architecture, a CN requests information of destina- 
tion, that is, an MH, and sends Bi-RSVP request messages with host name of destina- 
tion. These request messages go through a GGSN to an HLR. Then, the GGSN attach 
its IP address, which is the CoA of sender, to the request messages (step 1),. And 
then, the HLR can know the source IP address, the CoA of source, the destination IP 
address, and the CoA of destination after search of destination IP address. After this, 
the HLR triggers both GGSNs, which is source and destination GGSNs, to setup the 
Bi-RSVP procedure (step 2). Each GGSN starts establishing legacy RSVP setup 
procedure. The Bi-RSVP path can be established between the source GGSN and the 
destination GGSN (step 3). And then, each GGSN starts establishing Bi-RSVP setup 
procedure between GGSN and the CN and between the GGSN and the MH (step 4). 
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Fig. 4. Bi-directional RSVP (Bi-RSVP) Setup Flows 

• Handover procedure 

When an MH moves from the current SGSN to another SGSN, the RSVP path by 
handover must be changed. At setup time, the path is established separately accord- 
ing to the regions, CN side, IP network, and MH side. So, it is sufficient for the MH 
to complete the change of the Bi-RSVP path. 

Fig. 5 shows the handover of the MH in the same GGSN #2 domain. So, the Bi- 
RSVP paths in the GPRS Network #A side and Internet domain don’t need to change. 
Only the path in the GGSN #2 domain should change. 

By using proposed method, we can get the low latency time for establishing the 
RSVP path in handover process because proposed method does not need to inform an 
HLR or an HA of location information. 

This efficient procedure results from the fact that the GGSN #2 acts as an agent for 
the MH at the middle of the path, and the proposed GPRS network has minimal path 
change within local subnet between the GGSN #2 and the MH, using fast path-setup 
procedure. 




Fig. 5. MH’s Handover By the Bi-RSVP 

Consequently, compared with the MIP, these schemes perform soft handover, not 
related with an Home Agent(HA) and an Foreign Agent(FA), since the Bi-RSVP and 
the GGSN agent function in our mobility management have ability to avoid “triangle 
routing” problem which leads to frequent notification to the HA, lacks support for 
soft handover [12], [13]. 
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4 Cost Analysis 

This chapter is referred to [12], and some contents are modified to adapt to our condi- 
tions. 

We develop a simplified "first cut" analytical model of the average costs of using 
the MIP and the MIP-HLR, The model is then evaluated for specific scenarios by 
assigning appropriate parameter values, some of which are estimated using empirical 
measurements. 

Assume that a CN generates data packets destined for an MH at a mean rate 2 , 
and MHs move from one subnet to another at a mean rate // . We define Packet to 
Mobility Ratio (PMR) as the mean number of packets received by an MH from a CN 
per move. Assuming the movement and packet generation processes arc independent, 
stationary and ergodic, the PMR is given by p = X! p . 

The distance between two hosts (a CN and an MN) is given by the number of hops 
between them; thus the distance between two hosts on the same subnetwork is 1, the 
distance between two hosts which are separated by a single IP router is 2, etc. The 
distance between the various entities involved in our protocols is shown in Fig. 6. We 
assume that over a sufficiently long period of time these distances actually represent 
averages. Let the average length of a control packet (e.g. an ICMP packet, a Mobile 
IP registration packet, etc.) be and a data packet be and define their ratio 
l = ljll^ (In our evaluations we use = 100 bytes and = 1024 bytes.) 







Fig. 6. System Model for Performance Analysis 



Let the cost of transmitting a control packet be given by the distance between the 
sender and the receiver, and the cost of transmitting a data packet be I times greater. 
Let the average cost of processing control packets at any host (and forwarding data 
packets at an HA) be r. 

Consider the time interval when an MH moves to a new subnet, until the instant 
just before it moves to the next subnet. For the MIP, during this time the network cost 
incurred is C^,p = m + , where m is the cost of the MH registering at 
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the new foreign network, is the cost of data packets lost by being delivered to 

the old FA during the registration delay, i.e., before the HA is informed, and is 

the cost of data packets delivered to the MH via the new FA. Counting the packets 
transmitted and the processing at the various MIP entities during a registration, m = 
2 (2b + d) + 1 r . The cost of a single data packet delivered from the CN to the MH 
via tunneling at the HA is = I {a +2b + d) + ?> r . 

Let be the registration delay for the MIP. Then = A C^, . Let the 

average time required for a control message to traverse distance i in the network he 
denoted t. and the average time required lo process a control or data message at a 
host be denoted . Then + 2r^ + . We make the simplifying assump- 

tion that the only cost due to packets being incorrectly delivered to the old FA is that 
they must be sent by the CN again, and that this retransmission does not affect the 
PMR. Then = P C„. 

For the MIP-HLR, recall that since the CN has a cached mobility binding for the 
MH, when the latter moves data packets are delivered lo the old SGSN and lost, for a 
time period until the old SGSN is updated with the MH’s new COA. Assum- 

ing lazy caching, the next packet from the CN which reaches the old SGSN causes 
the latter to issue a binding update to the CN (via the GGSN) informing it of the 
MH’s new COA; let the delay for this process be denoted . During this binding 

update delay, we assume any additional packets generated by the CN are sent to the 
old SGSN and forwarded to the MH via the new SGSN. 

Let be the cost of updating the old SGSN with the MH’s COA, be the 

cost of a data packet sent via the direct route from the CN to the old (or the new) 
location of the MH, be the cost of the binding update issued by the old SGSN 

to the CN via the GGSN, and the cost of forwarding a data packet from the old 

SGSN to the new SGSN it can be shown that the decrease in total average cost due to 
using the MIP-HLR is given 

^HLR _ m + p{l + jjpp + pp ^m-hlr (y + 2r) + 

^MIF m + p(l + jut^j 

-MIP )Q, 

where, between the two successive moves, ^^jp = fraction of packets lost in the 
MIP due to registration delay = p ■ , p ■ = fraction of packets lost in the 

MIP-HLR due to delay in updating old SGSN, and = fraction of packets for- 
warded in the MIP-HLR from the old SGSN to the new SGSN = p . 

We derived an empirical communication delay model suitable for the scenario 
where a CN, an HA, and an FA are connected to a wired enterprise network consist- 
ing of switched 10 Mbps Ethernet LAN segments and IP routers, by carrying out 
experiments on the Bellcore network backbone. Regression analysis of the collected 
data yields tpp(h, k) = 3.63k + 3.2l{h-l ) , where k is the length of the packet in kB, h 

is the number of hops, and tpp is the Round-Trip Time(RTT) in milliseconds. The 
value is 0.89. We assume that the one-way time is half the RTT. 
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Similar experiments over a good-quality one-hop 2 Mbps WaveLAN^M wireless 
link show Wgj(k) = \l .Ik , where k is the packet length in kB and the Round-Trip 
Delay(RTD) for a single wireless hop is given in ms; = 0.94. 

To model mobility we use the admittedly somewhat; simplistic, but well-known, 
uniform fluid flow model [14]. We assume that on average a subnet takes up a square 
of size s=150m. Then, at a pedestrian speed of 3mph, // = 0.01. At vehicle speeds of 
60mph, // = 0.2. 

We examine the scenario where the HA is quite close to the CN and the FA, and 
the CN, the MH and the FA are on the same subnet. We assume that the cost of proc- 
essing a message is equivalent to the cost; of communication over a single hop 
( r =1). Fig. 7 shows the variation of the ratio C = with the PMR, p . 

The MIP-HLR results in substantial cost savings except where the MH has a very 
low PMR with respect to a particular CN, i.e., receives packets from the CN infre- 
quently relative to the rate at which it changes FAs. This is to be expected, since at 
low PMR, the costs incurred during registration in MIP-HLR outweigh the benefits of 
avoiding the triangle route taken by the MIP. 

At high values of PMR ( p > 35), the cost ratio approaches an asymptotic value 
because the cost incurred during registration in the MIP-HLR becomes insignificant 
compared to the cost savings obtained by avoiding the triangle route of the MIP. 




Fig. 7. Cost ratio (C) of the MIP-HLR to the MIP 

At medium to low values of PMR (p < 10), the length of data packets (relative to the 
length of control packets) becomes a significant factor. This is because the benefits of 
the MIP-HLR are due to data packets avoiding the triangle route, and the costs are 
largely due to the extra control packets exchanged during registration. If the user 
application has short data packets (e.g., = lOOB, i.e., I =1), the benefits of the 

MIP-HLR at low it) medium PMR are reduced since the relative impact of the extra 
control packets during registration is higher. 

Most connection-oriented applications use long data packets, or data packets that 
are close to the MTU. Thus, a user application with long data packets has greater 
benefits with the MIP-HLR than an application with short data packets at low PMR; 
however, at high PMR, this advantage is reversed[12]. 
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5 Conclusions 

The aim of this paper is to support the Quality of Service (QoS) on the GPRS net- 
work and to provide the RSVP path bi-directionally for real time service. The pro- 
posed method takes advantage of the HLR (Home Location Register) in GPRS net- 
works for informing each peer side of CoA and IP address of each host. In addition, 
the GGSN a role of mobile agent for supporting the RSVP set-up. 

Proposed method can reduce RSVP reconfiguring time at handover time, and we 
show the result of cost analysis. 
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Abstract. This Gurrently, IETF AAA Working Group has developed a 
new AAA protocol, Diameter, by upgrading the existing protocol, RA- 
DIUS. Diameter supports AAA framework over not only Dialup PPP 
service but also Mobile IP service. For AAA server in order to pro- 
vide its services into Mobile IP entities, the following facilities should 
be implemented together with AAA server’s original services (Authenti- 
cation, Authorization and Accounting); dynamic home agent allocation, 
dynamic home address assignment, the role of Key Distribution Cen- 
ter. In this paper, to provide an efficient dynamic home agent alloca- 
tion, we propose a peer state acquisition mechanism for the allocation 
at Diameter-based AAA server. In the mechanism, AAA servers use the 
peer state information acquired by means of Diameter Base Protocol’s 
facilities: Capability Exchange, Transport Failure Detection. Then the 
servers can easily obtain and update the latest state of home agents, as 
Diameter client. The mechanism allows AAA servers to use the realistic 
peer state information. . . . 



1 Introduction 

1.1 Limitation of Mobile IP 

Mobile IP[1] has been designed and developed at IETF community for a mobile 
user to roam transparently amongst the access points of Internet by unchanging 
its IP address. Therefore, the mobile user maintains its active connection with 
its home IP address over several IP subnets at one administrative IP network 
without service disruption. 

Today, a variety of wireless and wired access technologies are emerging and 
a variety of service providers coexist. A mobile user wants transparently to get 
its service over heterogeneous data networks administrated by several service 
providers on the move. Service providers should interwork with other service 
providers in other to supply their subscribers a seamless roaming service. They 
want to make their subscribers pay for network usage. However, Mobile IP does 
not provide any specific support for mobility across disparate administrative 
domains, and therefore does not specify how usage can be accounted for, which 
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has limited the applicability of Mobile IP in a IPv4 commercial deployment. 
Mobile IP recommends mobile nodes to have a static home address and a home 
agent . 

However this may not be always possible in certain deployment scenarios. 
Recent developments allow Mobile IP to work just as well when mobile nodes 
do not have a static home agent and home address [2]. 

To extend Mobile IP in order to be more suitable for support mobility across 
disparate administrative domains, some additional mechanisms are needed to 
let foreign domains verify the identity of the mobile nodes and authorize the 
connectivity. Mobile IP relies on the existence of servers that are capable of 
performing Authentication, Authorization and Accounting(AAA)[3]. 

1.2 New AAA Protocol: Diameter & Mobile IP Support 

The existing AAA protocol, RADIUS [4] has been used and deployed to provide 
AAA services for dial-up PPP access. However, inherent shortcomings of the 
RADIUS have limited its ability to adapt to the increasing capabilities of routers 
and network access servers. 

Diameter is a lightweight, peer-based AAA protocol designed to offer a scal- 
able foundation for introducing new policy and AAA services over existing (PPP) 
and emerging (roaming, mobile IP, SIP) network technologies. It employs many 
of the same mechanisms as RADIUS, including encoded attribute/ value pairs 
and proxy server support and provides several advantages over the existing RA- 
DIUS AAA protocol, including better message transport, proxying, session con- 
trol, and higher security for AAA transactions. 

The basic concept behind Diameter is to provide a base protocol that can 
be extended in order to provide AAA services to new access technologies. It 
is always extended for a particular application. Three Diameter applications 
are defined by companion documents: NASREQ Application [5], Mobile IPv4 
Application [2] , CMS Application [6]. Additional Diameter applications may be 
defined in the future. 

The Diameter model, as shown in Fig.l, is a base protocol and a set of 
applications. The Diameter Base Protocol)?] provides common functionality to 
the supported applications. 




Fig. 1. Diameter Protocol Architecture 
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The base protocol provides the following facilities: 

— Capabilities negotiation 

— Delivery of AVPs(attribute value pairs) 

— Error notification 

— Extensibility, through addition of new commands and AVPs 

— Basic services necessary for applications, such as handling of user sessions 

or accounting 

The Diameter Mobile IPv4 Application provides the following facilities: 

— Authentication/ Authorization 

— Dynamic HA Allocation 

— Dynamic Home Address Allocation 

~ Role of Key Distribution Center [2] 

Combined with the Inter-Realm capability of the base protocol. Diameter 
Mobile IPv4 Application allows mobile nodes to receive service from foreign 
service providers. The Diameter accounting messages will be used by the foreign 
and home agents to transfer usage information to the Diameter servers. 

This paper presents the implementation of dynamic home agent at Diameter- 
based AAA server that has been standardized at IETF AAA Working Group. 
Section 2 contains a look at the scenario of home agent allocation at AAA server 
that supports Diameter Mobile IPv4 Application. In Section 3, we describe the 
acquisition method of the peer state information, which is needed to allocate a 
home agent on behalf of a mobile node. This method is related Diameter Base 
Protocol’s facilities. Also Section 3 shows the implementation details for home 
agent allocation facility and data structures used at implementation. Finally, 
Section 4 contains conclusions. 

2 Scenario of HA Allocation at AAA Server 

For AAA server in order to provide AAA services into Mobile IP entities, the 
following facilities should be implemented together with AAA server’s original 
services (Authentication, Authorization and Accounting): dynamic home agent 
allocation, dynamic home address assignment and the role of Key Distribution 
Center. 

Dynamic home agent allocation and dynamic home address assignment would 
reduce the amount of preconfiguration data needed by the mobile node. Also 
these functionalities may allow the mobile node to do a registration process with 
the home agent close to its current point of attachment to the Internet. This will 
further minimize an Internet transmission delay. 

Fig. 2 shows the system architecture for AAA service and the basic combined 
Mobile IP and AAA registration procedure. 

MIP AAA infrastructure consists of the following entities : 
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Foreign Network Home Network 




Fig. 2. MIP AAA Infrastructure and Message Flow 



— FA: As AAA client, understand both of Mobile IP and Diameter protocol 
and located in the foreign network. 

— HA: As AAA client, understand both of Mobile IP and Diameter protocol 
and located in the home network. 

— AAAF: As AAA server, local authority in the foreign domain 

— AAAH: As AAA server, home authority in the home domain 

The following messages are defined at Diameter Mobile IPv4 Application : 

— A A-Mobile-Node- Request (AMR): is sent by FA acting as a Diameter client, 
to a server in order to request the authentication and authorization of a 
mobile node. 

— A A-Mobile-Node- Answer (AMA): is sent by the AAAH in response to the 
A A-Mobile-Node- Request message. 

— Home-Agent-MIP- Request (HAR): is sent by the AAA to the Home Agent, 
for HA in order to process MIP Registration. 

— Home-Agent-MIP- Answer (HAA): is sent by the Home Agent to its local 
AAA server in response to a Home-Agent-MIP-Request. 

A mobile node can request dynamic home agent allocation to AAA infras- 
tructure by specifying the home agent field and the home address field in its Reg- 
istration Request. In this case the address would be 0.0. 0.0 or 255.255.255.255. 

When a foreign agent detects that the home agent field and the home ad- 
dress field in Registration Request is equal to 0.0. 0.0 or 255.255.255.255, the 
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foreign agent will notify AAA servers of the dynamic allocation by adding a 
MIP-Feature- Vector AVP[2] in the Diameter message, AMR. 

AAA servers, including AAAF and AAAH, would assign a home agent to the 
authorized mobile node. This is done according to local administrative policy. 
We describe the possible scenarios in which home agent may be allocated at the 
below. 

Scenario I : A home agent to be allocated by AAAH server in the home 
network. 



Foreign Network Home Network 




Fig. 3. MN requests HA allocation at the home 



— Mobile node sets the home agent field equal to 255.255.255.255 in its Regis- 
tration Request. 

— Foreign agent sets both the Home- Agent-Requested and the Home-Address- 
Allocatable-Only-in-Home-Realm to one in the MIP-Feature- Vector AVP. 

— AAAH server allocates a home agent on behalf of the mobile node, if local 
policy allowed. 

Scenario II : A home agent to be allocated by AAAH server in the foreign 
network. 

— Mobile node sets the home agent field equal to 0.0. 0.0 

— Foreign agent sets the Home- Agent-Requested to one, and zeroes the Home- 
Address- Allocatable-Only-in-Home-Realm. 
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Foreign Network Home Network 




Fig. 4. MN requests HA allocation at the foreign 



— Then, if AAAF’s local policy would allow the user to have a home agent 
in the local network(from user’s viewpoint, foreign network), AAAF may 
set the Foreign-Home- Agent- Available flag to inform the AAAH that it is 
willing and able to assign a home agent for the mobile node. AAAF adds 
the identity of a home agent candidate at the AMR message. 

— AAAH server need decide whether its local policy would allow the user to 
have a home agent in the foreign. 

In this section, we present the allocation mechanism of each node over the 
combined Mobile IP Mobile IP and AAA infrastructure. In the next section, 
we propose a peer state acquisition mechanism for the home agent allocation 
procedure. 



3 Design of the Peer State Acquisition Mechanism of HA 

In order to allocate home agent allocation dynamically. Diameter servers would 
need to know the identities of the connected Diameter peers (home agent). Home 
agents, as Diameter Client understands Diameter protocol as well as Mobile IP. 
That is, home agent should be connected with Diameter servers. In this section, 
we suggest how AAA servers manage the state information of the adjacent home 
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agents and how these servers use this information to allocate a home agent on 
behalf of a mobile node, together with solving the problem of load sharing. 




other block 



MAB 






1 



BCB 




^Message Exchange at^ 
the local system 

^essage Exchange wil^ 
the remote system 



Fig. 5. AAA server Architecture 



Fig. 5 shows our system architecture for AAA server. Base Control Block 
(BCB) is the logic module that implements Diameter Base Protocol draft[7]. 
Mobile IPv4 Application Block (MAB) is the logic module that implements 
Diameter Mobile IPv4 Application draft [2]. Our server has a database of user 
profiles, configuration data and session control data. AAA server communicates 
with DHCP server in order to assign a home IP address to a mobile node. And 
there are several other modules. In this section, we pay attention to the interface 
between MAB and BCB and each block’s functionalities related to dynamic home 
agent allocation. 

BCB can know the activation state of home agents at the connection estab- 
lishment stage and during running stage. The following sub-section explains the 
basic concept of the Diameter Base protocol functionalities which are used to ob- 
tain the peer state information, the proposed peer state acquisition mechanism 
and the data structures for the state management table at the end. 

3.1 Use of Capabilities Exchange Functionality 

The Diameter Base protocol concerns itself with capabilities negotiation, that 
is, how messages are sent and how peers may eventually be abandoned. The first 
Diameter messages exchanged between two Diameter peers, after establishing 
the transport connection, are Capabilities Exchange messages. These messages 
carry a peer’s identity and its capabilities (protocol version number, supported 
Diameter applications, host IP address, etc) [7]. 
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When a connection request is received from a Diameter peer, it is not, in 
the general case, possible to know the identity of that peer until a Capabilities- 
Exchange- Request (CER) message is received from it. This is because host and 
port determine the identity of a Diameter peer and the source port of an incoming 
connection is arbitrary. Upon receipt of CER, the identity of the connecting 
peer can be uniquely determined from Origin-Host [7] of CER message. If the 
supported Diameter application of a peer is Mobile IP and this peer is the home 
agent, the BCB delivers this home agent’s Origin-Host data and the advertised 
IP address of this home agent into the MAB. And MAB adds this information 
to the management table. 

On the other hand, when AAA server knows the identity of the home agent 
and sends CER to it first, AAA server could collect its activation information if 
a Capabilities-Exchange- Answer (CEA) message is received from it. If timeout, 
the server’s BCB notifies the MAB of the state of the home agent. 

3.2 Use of Transport Failure Detection Functionality 

Given the nature of the Diameter protocol, it is recommended that transport 
failures be detected as soon as possible. Detecting such failures will minimize 
the occurrence of messages sent to unavailable agents, resulting in unnecessary 
delays, and will provide better failover performance. The Device- Watchdog- 
Request (DWR) and Device- Watchdog-Answer (DWA) messages are used to 
pro-actively detect transport failures[7]. 

We implemented the watchdog mechanism at the BCB. When the BCB de- 
tects transport failures with assistance of the watchdog mechanism, the BCB 
notifies the MAB of the connection failure with home agents. 

When no transport connection exists with a peer, an attempt to connect 
should be periodically attempted. If the periodic trial of the reconnection will 
success, the BCB notifies the MAB of the new state and the MAB update its 
management table. 

There are certain exceptions to this rule, such as when a peer has terminated 
the transport connection stating that it does not wish to communicate. Namely, 
in this case AAA servers do not try to reconnect. The next section shows how 
to handle this exception in related to the home agent state information update. 



3.3 Use of Peer Disconnecting Message Exchange 

In the event that the disconnect was a result of either a shortage of internal 
resources, or simply that the node in question has no intentions of forwarding any 
Diameter messages to the peer in the foreseeable future, a periodic connection 
request would not be welcomed [7]. 

The Disconnect-Peer-Request (DPR) message is used by a Diameter node 
to inform its peer of its intent to disconnect the transport layer. Upon receipt 
of the message, the Disconnect-Peer-Answer (DPR) is returned. The receiver of 
the DPR initiates the transport disconnection. After this, the BCB announces 
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resulting of disconnecting to the MAB. Because the MAB deletes the entry 
related with this home agent. 

If a mobile node requests the specific home agent and the entry for the 
requested home agent does not exist or the state value of the entry indicates un- 
availability, the MAB creates and returns a response message in which Result- 
Code be set by DIAMETER_ERROR_HA_NOT_AVAILABLE. 

3.4 Management Table for the HA Information 

This section presents the implementation details for home agent allocation fa- 
cility and data structures for the home agent state management table. 

The following data structure is the information entry for one of home agent. 
Each entry includes host identity, its home agent IP address and its state. 

typedef struct { 

char sHost_Identity [ MAX_HOST_LEN ]; 
unsigned int iHost_IPAddress ; 
int iState; 

} HA_Inf oRec_t ; 

The following interface is used to carry the state information and is called by 
the BCB to indicate to the MAB. And it can convey the information of several 
home agents at a time. 

typedef struct { 
int Entry_Num; 

HA_Inf oRec_t HA_List [ MAX_HA_NUM ] ; 

} Evnt_BcbTx_MabRx_HAInf o_Notif y_t ; 

The received state information from the BCB would be stored at the man- 
agement table defined by the following data structure. In order to apply a load 
balancing to the allocation of home agent, it includes the variable for the assign- 
ment counter of each home agent. 

typedef struct { 

int Num_Available ; / / Available HA Number int 
HA_Load[ MAX_HA_NUM ]; // Load Status 
HA_lnf oRec_t HA_List [ MAX_HA_NUM ] ; // Managed HA List 
} T_HA_Pool; 

4 Conclusion 

With the increasing popularity of mobile devices, a need has been generated to 
allow users to attach to any MIP access network close to their current location. 
Foreign service providers require Authentication, Authorization and Accounting 



service. 
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Diameter is a lightweight, peer-based AAA protocol designed to offer a scal- 
able foundation for introducing new policy and AAA services over existing (PPP) 
and emerging (roaming, mobile IP, SIP) network technologies. 

In this paper, to provide an efficient dynamic home agent allocation, we pro- 
pose a peer state acquisition mechanism for the allocation at Diameter-based 
AAA server. In the mechanism, AAA servers use the peer state information ac- 
quired by means of Diameter Base Protocol’s facilities: Capability Exchange, 
Transport Failure Detection. Then the servers can easily obtain and update the 
latest state of home agents, as Diameter client. The mechanism allows AAA 
servers to use the realistic peer state information. 
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Abstract. In this paper, we propose a RSVP setup mechanism by using a moving 
history of MH that can achieve more efficient QoS support on the mobile environ- 
ment. The proposed method integrates RSVP with Mobile IP regional registration, 
and makes advance resource reservations by using the moving history of MH at 
RSVP setup time. We show, by simulation, that our proposal is better performance 
in handover blocking rate and utilization than that of existing protocols. 



1 Introduction 

Resource reservation Protocol (RSVP) [1] [2] is a protocol which can provide 
QoS guarantees for integrated services on the Internet. However, RSVP cannot be 
used directly in a mobile computing environment for the following two reasons. First, 
RSVP messages are invisible to the intermediate routers of an IP tunnel used in Mo- 
bile IP [3] because the IP tunnel is implemented by an IP-in-IP encapsulation scheme. 
Second, after a mobile host (MH) moves to a new location, the previously allocated 
resources are no longer available [4]. 

Some schemes have been proposed to resolve the impact of mobility on RSVP in 
mobile computing environments. RSVP Tunnel [2] was proposed to resolve the 
RSVP signaling invisibility problem. Nevertheless RSVP Tunnel does not support 
seamless handover for QoS guarantees due to the lack of advance reservations in a 
neighborhood. So, Mobile RSVP (MRSVP) [5], [6] is proposed to overcome the 
handoff impact of mobility on RSVP by making advance resource reservations in all 
neighboring subnets. However, these excessive resource reservations may waste too 
much bandwidth and degrade the network performance. Another proposed method is 
a hierarchical MRSVP (HMRSV) that can achieve the same QoS guaranteed seamless 
handover as RSVP but makes fewer advance resource reservations [4]. However, this 
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method can not prepare the resource. That is, there can he no resources after a MH 
moves to a new location, as well. 

For solving these problems, the lack of resource after handover and excessive re- 
source reservations, we use the moving history of MH within a domain for resource 
reservation. The moving history of MH includes location information which may be a 
next cell by handover. So, our proposal can support seamless handover, efficiently. 

The rest of this paper is organized as follows. In sections 2, we discuss the exist- 
ing methods to set up the RSVP and there problems. In section 3, we introduce our 
proposal. Its performance related to the handover is presented in section 4. Lastly, 
section 5 makes some conclusions. 



2 Existing Methods 

In this section, we address some important technologies proposed to resolve the 
impacts of mobility on RSVP in mobile environments. These methods are well sum- 
marized in [4]. 



2.1 RSVP Tunnel 

RSVP Tunnel is proposed to resolve the RSVP message invisibility problem [7]. 
The underlying principle of RSVP Tunnel is to establish nested RSVP sessions be- 
tween the tunnel end-points, namely entry and exit points. That is, an extra pair of 
tunnel PATH and RESV messages without encapsulating IP headers is sent to estab- 
lish a QoS guaranteed communication path between the tunnel entry and exit points. 

Using this nested RSVP session, RSVP Tunnel can actually resolve the RSVP sig- 
naling invisibility problem. However, it does not make advance resource reservations 
in its neighboring network. Therefore, if an MH moves to a new foreign region, the 
MH’s service may be cut because of the lack of resources in the new region. 



2.2 MRSVP 

MRS VP [5], [6] was proposed to achieve the desired mobility independent ser- 
vice guarantees for real-time multimedia applications in an Integrated Service Packet 
Network. MRSVP protocol makes advance resource reservations at multiple locations 
where an MH may possibly visit during the service time. The MH can thus achieve 
the required service quality when it moves to a new location where resources are 
reserved in advance. 

Where, the active reservation is the path that packets are actually transmitted, 
whereas the passive reservation paths are only reserved in advance without any actual 
packet flows. When the MH moves to a new location, MRSVP changes the passive 
reservation of the new visited location into an active state, and the original active 
reservation is altered to a passive state at the same time. In this way, the needed re- 
sources for the MH in the new region can be retrieved rapidly because the resources 
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were pre-preserved in the original passive reservation path. That is, a seamless hand- 
over for QoS guarantees ean be retained using the MRSVP protocol. However, 
MRSVP wastes too much bandwidth in making advance resource reservations. This 
excessive resource waste may degrade system performance significantly. 



2.3 HMRSVP 

The main idea of HMRSVP protocol is to integrate RSVP with a Mobile IP re- 
gional registration protocol and make advance resource reservations only when the 
handover delay tends to be long. That is, the HMRSVP only establishes an active 
resource reservation along the path from the sender to the MH without making any 
advance resource reservation. When the MH resides in an overlapped area of the 
boundary cells of two regions, the MHRSVP will establish an extra passive resource 
reservation along the path from the sender to the boimdary cell. 

Therefore, this method has also the same problem that the previously allocated 
resources are no longer available when a MH moves to a new location. 



3 History Based RSVP Setup Mechanism 

In this section, we discuss the feature of moving history of MH, RSVP setup 
mechanism, and the procedure of handover using the proposed method. 



3.1 The Feature of Moving History of MH 

The main idea of our proposal is to make use of the moving history of a MH. The 
feature of the history is that most of MS’s users habitually visit some specific regions, 
especially in indoor environment, that are related to their jobs or something like that. 
Table 1 shows a user’s moving patterns and it can be stored at his MS’s memory. 
Table 1 shows that a handover rate for a user, for example sgchoi, tends to go to the 
cell 1 with eighty percents if he performs a handover after call acceptance. 



Table 1. MS’s moving history 



user 


Visiting Rate 


Cell #1 


Cell #2 


Cell #3 




sgchoi 


0% 


80% 


5% 
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3.2 RSVP Setup Mechanism 

Our proposed method is to integrate RSVP with a Mobile IP regional registration 
protocol [8] and make advance resource reservations by using the feature of moving 
history of MH. 




Fig. 1. RSVP Setup scheme 



Figure 1 shows the proposed mechanism. In Figure 1, the MH has the moving 
history information of Table 1 and transmits it to the GM A, gateway foreign agent in 
[8], at registration time. The GMA administrates all cells in its domain, and plays the 
role of RSVP agent. In addition, we assume that the GMA receives and stores the 
moving history from a MH, and knows the cell configuration. 

GMA establishes the RSVP path with RSVP Tunnel method when the CN requests 
the RSVP setup, as if it is a MH which is the destination of CN (step ®). And then 
the GMA plays a role of RSVP agent. That is, the GMA establishes a RSVP path 
between GMA and the MH, the destination of CN. At this time, the GMA establishes 
not only an active RSVP path between GMA and MH (step (2)) but also a passive 
RSVP path between GMA and cell 2 (step (3)). Where, the cell 2 can be decided by 
using the moving history of the MH. That is, if the MH has more rate than the thresh- 
old determined by administrator with any policies, for example 80%, then the passive 
RSVP path toward the eell 2 is set up. 



3.3 Handover Procedure 

The MH in Figure 1 moves into one cell among neighbor cells from cell 1, but 
the probability that the next cell by handover is cell 2 is very high. We can know the 
fact by Table 1 . 

So, when MH is about to move into the cell 2 from cell 1, the registration message 
sent by MH is transmitted only up to GMA. On receiving the registration message, 
the GMA activates the RSVP path between GMA and MH via cell 2 by using the 
reserved passive RSVP path, if the registration message is transmitted by cell2. And 
then, the old RSVP path between GMA and cell 1 is tom down. If the cell transmit- 
ting the registration message for handover is not cell 2, then GMA establishes new 
RSVP path between GMA and a new cell, while MH resides in the overlapped region 
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of cell 1 and cell 2. And then the GMA tears down old active and passive RSVP path, 
and set up a new passive RSVP path by using Table 1 information. 



4 Simulation Results 

In this section, we present our simulation models and results. For extracting these 
results, we assume some parameters as follows. First, we assume that the reservation 
inter arrival time of RSVP sessions is an exponential distribution with mean M'k. 
Second, we assume that the reservation holding time of a RSVP session is an expo- 
nential distribution with mean 1/p. Each cell has limited maximum BW. Lastly, ad- 
ministration system can cover all cell sites including MHs. So, it can know such all 
kinds of information as used BW in a cell, Table 1 information of on-service MH, and 
so on. 

Now, we present the performance results by comparing the call blocking prob- 
abilities, handover blocking probabilities, and the utilization of resource. 




Fig. 2. Call blocking rate 

Figure 2 illustrates the call blocking rate (CBR) for the three resource reservation 
schemes under discussion. When the arrival rate (L) is increases, the CBR increases 
in all schemes. It is obvious that the greater the arrival rate, the lesser the available 
resources, and thus the higher the reservation blocking probabilities. On the other 
hand, we can observe that the CBR of MRSVP is larger than that of proposed method, 
and HMRSVP is smaller than that of proposed method. This is the reason that 
MRSVP reserves much more resources in neighboring regions than proposed method, 
and HMRSVP does not reserve resources in neighboring regions. 

Figure 3 shows the handover blocking rate (HBR) for the three resource reserva- 
tion schemes under discussion. When the arrival rate (A.) is increases, the HBR in- 
creases in all schemes. It is obvious that the greater the arrival rate, the lesser the 
available resources, and thus the higher the reservation blocking probabilities. But, 
we can observe that the HBR of HMRSVP is the largest one among them because the 
HMRSVP does not reserve resources in neighboring regions. That is, in HMRSVP, 
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the handover can be completed when the resource is available at handover time. Our 
proposal shows the HBR near to zero. In our proposal, the handover blocking occurs 
when the handover does not follow the Table 1 information. Of course, the HBR of 
MRSVP is equal to about zero because it uses many resources for reservation. 




Fig. 3. Handover blocking rate 

Figure 4 depicts the utilization of resource for the three resomce reservation 
schemes under discussion. In general, when the arrival rate (k) is increases, the utili- 
zation increases in all schemes. In this figure, we can observe that the utilization of 
HMRSVP has the largest value among them, and MRSVP has the smallest value 
because MRSVP makes use of many resources for reservation, and HMRSVP does 
not use the resource for reservation. 



1.0 - 




Fig. 4. Resource utilization 



5 Conclusions 

To support real-time multimedia applications in mobile computing environments, 
we proposed an RSVP set up mechanism to make resource reservations in advance by 
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using the moving history of MH. The proposed method integrates RSVP with the 
Mobile IP regional registration protocol and makes advance resource reservations by 
taking advantage of the moving history of MH. 

The simulation results show that the proposed method achieves the similar per- 
formance in handover blocking rate with MRSVP. In addition, our proposal can take 
better performance in utilization than the MRSVP. Of course, compared with 
HMRSVP, proposed method has better performance in HER than that of HMRSVP. 
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Abstract. In the future mobile network, it is expected that per-user customized 
services are widely used. To provide personalized services for each call, per 
user service profiles are frequently referenced, so the centralized Intelligent 
Network scheme can he a bottleneck. In this paper, we propose four service 
profile replication schemes for efficient service profile management. According 
to the profile download and upload timing and the usage of the frequent zone 
concept, the schemes include Follow-Me-Replication-Unconditional (FMRU), 
Follow-Me-Replication-Unconditional on-Demand (FMRUD), Follow-Me- 
Replication-Conditional (FMRC) and Follow-Me-Replication-Conditional on- 
Demand (FMRCD). These are described and compared in the view of network 
traffic costs. Performance results indicates that. 



1 Introduction 

As the network evolves to next generation Personal Communication Network, it is 
expected that users need more customized service environment. When a user makes a 
call origination, she/he may want to use abbreviate dialing with her/his personal ad- 
dress book or credit card calling with personal account. When a call is terminating to 
the user, various screen services can be applied, in which different call dispositions 
are made according to the calling party’s number, predefined time or locations. This 
service information about user’s predefined configurations such as abbreviate dial 
numbers, white/black screen list or call processing rules are defined as the service 
profile (SP) [1], and it is provided on network basis (by network databases) or termi- 
nal basis (by Subscriber Identification Module (SIM) card). In order to provide such 
per-user customized service on network basis, Intelligent Network (IN) architecture is 
the current solution. IN service systems include Service Data Point (SDP) storing 
subscriber’s SP database, and Service Control Point (SCP) executing service logic 
based on the profiles. Since these service systems are basically centralized, it will be 
overloaded and can be a bottleneck in this highly service oriented environment. So 
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we consider distributing the SPs and the service logic to the local systems by replica- 
tion. 

In the previous studies of mobility management, there have been many efforts to 
distribute traffic loads of Home Location Register (HLR) to the local Visitor Location 
Registers (VLR) by replicating or caching the location data of mobile users for fast 
lookup [2, 3, 4, 5]. But the service profile management does not draw much attention. 
Although the current mobile systems of Personal Communication Service (PCS) and 
International Mobile Telecommunication-2000 (IMT-2000) [6] do have the basic user 
profile management scheme that it downloads the basic SP in the VLR at location 
registration time, but it includes mobile terminal related information rather than the 
user’s service information. A recent study [7] proposed the SP replications for IMT- 
2000 IN subscribers with the integrated systems of SCP and HLR. In these schemes, 
a user’s SP is downloaded to VLR at the location registration time, and deleted from 
the VLR when the user departs the zone. If the local replica needs to be modified, the 
master profile of SCP/HLR should be updated by the centralized service control of 
IN, or by uploading of the modified profile to SCP/HLR to keep the consistency. 

In this paper, we investigate efficient service profile management with replication: 
it downloads and uploads the SPs between VLR and HLR and it has the analogy to 
check-in and check-out consistency scheme in revision control system. We design 
four service profile replication schemes that follow the user: Since the service user is 
the mobile user her/himself, the SP of the user is required at the zone she/he stays and 
at the time when service calls are requested. The first is the simplest Follow-Me- 
Replication-Unconditional (FMRU), a modified IMT-2000 scheme. It always down- 
loads the SP in the current location area (zone) at the location registration time, and 
uploads it when the user departs and if it is modified in the zone. The FMRU may be 
inefficient for low-call users, because it downloads even in the zones no calls are 
made. So we propose as the second scheme, on demand version of FMRU, Follow- 
Me-Replication-Unconditional on-Demand (FMRUD), in which the profile is down- 
loaded when the first call is requested in the zone. The third Follow-Me-Replication- 
Conditional (FMRC) is a hybrid scheme of FMRU and Centralized. It utilizes a 
user’s frequent zone concept, as we define it as a service zone [9]. For FMRC, when 
a user moves to one of his service zones, FMRU scheme is used; on the other hand, in 
the zones where the services are rarely used, the Centralized IN scheme is applied. 
The on-demand version of FMRC is the fourth scheme, Follow-Me-Replication- 
Conditional on Demand (FMRCD). We presented the preliminary concept of FMRU 
and FMRC in the previous study [9], and refine them with downloading on-demand 
and uploading only when updated in this paper. 

Note that proposed schemes are only applicable for service profile management 
and orthogonal to the mobility management: So both service and mobility manage- 
ment schemes can be used together for efficient service network design. 

Smart card approach is one of alternative service profile management mechanisms 
[4]: Since the subscriber always carries his SP in the SIM card, it is an extreme of SP 
replication at the nearest to subscriber. But we do not consider this terminal based 
scheme in this paper because it is not able to utilize network information such as 
user's location [4]. 
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The rest of this paper is organized as follows. In Section 2, we introduce a service 
model and describe five schemes including traditional IN scheme. In Section 3, net- 
work cost functions are modeled and analyzed for each scheme. Numerical examples 
are shown in Section 4 and we summarize the paper in Section 5. 

2 Service Model and Replication Schemes 

We model the service network with the integrated Personal Communication Service 
(PCS) and Intelligent Network (IN) systems. The logical system functions for mobil- 
ity management is Location Management Function (LMF), and service management 
functions are Call Control Function (CCF), Service Switching Function (SSF), Serv- 
ice Control Function (SCF), Service Date Function (SDF), and Service Resource 
Function (SRF). They are distributed in the physical systems HLR, VLR, Mobile 
Switching Center (MSC), SDP, SCP, Service Switching Point (SSP) and Intelligent 
Peripheral (IP) as follows: 

• SCP/HLR: include master profile of location and service data and service logic in- 
formation for users. We consider that all mobile users are served by SCP/HLR pro- 
files and service systems. It has the SCF, SDF, and LMF. 

• VLR: may replicate profiles and service logics of the users who register in current 
LA and reside in its associated SSP/MSC. The replication decision and the timing 
depend on the replication schemes. It has the SDF and LMF. 

• MSC/SSP/IP: process the local service execution and call control as well as an- 
nouncement and prompting user information. It is assumed that these are co- 
located with the VLR. Because services are to be executed in the location area, we 
assume that it has the function of SCF as well as SSF and SRF. It is also assumed 
that the local systems are equipped with Service Logic Execution Environment 
(SLEE). 

They are connected through the signaling network (Signaling System 7) to send or 
receive signaling messages or transfer SPs between a SCP/HLR and MSC/SSP/VLR 
for providing services. In this paper, we call a Location Area as a zone and it corre- 
sponds to one MSC/SSP/VLR. Fig. 1 depicts the service network reference model. 

2.1 Definition of the Service Zone 

There are common observations that most mobile users have locality in their mobility 
and calling patterns [2,3]. We can rephrase it that there is a locality in zones where 
some users stays longer and uses more services than in other zones. These zones are 
different per users and may be the places where the subscriber’s home, school, or of- 
fice is, for example. 

To define a service zone (SZ), we use the following conditions. We let Sy be the ex- 
pected number of service calls for a user P, to make or receive in zone Z., and let Mj 
be the expected number of moves made by P^ over time period T. We also let a repre- 
sent the cost savings achieved when a local service execution as opposed to a remote 
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execution, and let |3 be the cost of download and upload the SP in local systems. Us- 
ing these parameters, we say that it is judicious to replicate Pfs profile in zone and 
Z, is the service zone of the user P. if 

a-S,j>p-M, (1) 




(Location Area) 

Fig. 1. Service network reference model with integrated PCS and IN systems 



Let be the message transaction size to be exchanged for service execution, and 
we let and be the transaction size for SP downloading and uploading, respec- 
tively. Also let X and y be the download and upload probability, respectively. Then 
a = T^, /J = X • -h y • ■ So the inequality (1) becomes 



S,j ^ x-T,+yT^ 



( 2 ) 



Therefore we can decide a SZ based on the average transaction size ratio. For ex- 
ample, if T^ = Tj = T,,, and x = y = 1, then for the zone that call to mobility ratio 
(CMR) 5 / M. is greater than 2, we can call it a SZ for user P^. 

Note that the call to mobility ratio (CMR) for the service management is different 
with that for the mobility management in that for the former, the source of the service 
calls and the registration request comes from the same zone, by the same person, but 
for the latter, source of the call request is different with the registration request. 



2.2 Centralized Scheme (Traditional IN) 

In Intelligent Network, service call request is processed by remote execution in the 
centralized SCP/HLR through the signaling message exchanges between local and 
remote systems. Depending on the service scenarios, the message transaction size is 
from tens to hundreds of bytes. Fig. 2 shows a typical IN service call scenario of user 
identification, prompting and collect information and connect call to the destination 
in both originating and terminating side. 
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A 



B 




InitialDP: Initial Detection Point 
RRBE: Request Report BCSM Event 
CTR: Connect To Resource 
ARE Assist Request Instruction 



PA: Play Announcement 

PCUI: Prompt and Collect User Information 

lAM: Initial Address Message 

ACM: Address Complete Message 



Fig. 2. Service call procedure for centralized scheme 



In our envisioned frequent service environment, since even basic call processing is 
to involve the service control signaling, the number of signaling messages and net- 
work traffic will be significant. 



2.3 Replication Schemes 

Follow-Me-Replication-Unconditional (FMRU). This scheme is an enhancement of 
roaming scenario of IMT-2000 [7]. In IMT-2000, when a user moves between zones, 
SCP/HLR let his profile downloaded to the newly visited zone and deletes it from 
previously visited zone. In this scheme, the local profile is read-only in the sense that 
any updates can not be reflected to the master profile, so profile modification requires 
centralized service control by central scheme. 

We extend it for SP to be uploaded to and downloaded from SCP/HLR whenever 
crossing zones. Then the local profile is read-and-writable. In our mechanism, copy 
of the profile is always replicated in the subscriber’s current zone. In the meantime 
between the registrations, any remote access does not exist: any update or query is 
processed in local zone. This is optimal for low mobile but high call users in the zone. 
But the FMRU may be expensive for low call users because the profiles are always 
downloaded in every zone even where no calls are made. The name ’FMRU’ is moti- 
vated as the replica follows the subscriber unconditionally. 
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Follow-Me-Replication-Unconditional On-Demand (FMRUD). This scheme is an 
enhancement of FMRU with on-demand by downloading the SP at the time when the 
first call is requested in the zone. It is advantageous for low call users, as well as high 
call and low mobile users, but there is no considerations for the cost effectiveness of 
the downloading. 

Follow-Me-Replication-Conditional (FMRC). This is the hybrid scheme of FMRU 
and Centralized: When a user is in his SZ, FMRU scheme is used; and if he is not in 
the SZ, that is no-service zone (NSZ), where he is expected to use services 
infrequently, the centralized scheme is applied. When the subscriber enters a SZ, the 
SP is downloaded from the SCP/HLR, and when he departs the SZ and if the SP is 
changed, then the SP is uploaded. Between NSZ movements there is no 
upload/download costs, but if a call is requested, central service execution cost 
occurs. This scheme is optimal for users who have the biased service usage and make 
relatively many calls in their service zones, compared to in the no-service zones. The 
name F'MRC’ is devised on that the replica follows the subscriber when it meets the 
service zone conditions. 

Follow-Me-Replication-Conditional On-Demand (FMRCD). This scheme is an 
enhancement of FMRC with by downloading the profile on-demand when the first 
call request arrives in the zone. 

Fig. 3 and 4 show location registration and service call procedures for replication 
schemes, respectively. According to the SP downloading/uploading decisions points. 




Fig. 3. Location registration procedure for replication schemes 
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we classify the schemes as FMRU, FMRUD, FMRC, and FMRCD. In Fig. 3, the pro- 
cedure of SP upload in box (1) is applied for all replication schemes, and box (2) of 
SP download message is only applied for FMRU and in case of movement to SZ of 
FMRC. In Fig. 4, (1) and (2) SP download message is needed for both FMRUD and 
FMRCD that use on-demand download, for originating and terminating party respec- 
tively. 

Note that only the service signaling messages. Intelligent Network Application 
Part (INAP) and Mobile Application Part (MAP) of solid lines are considered in this 
paper for service traffic cost, not including ISDN User Part (ISUP) for bearer signal- 
ing. 




Fig. 4. Service call procedure for replication schemes 



3 Numerical Analysis 

3.1 Mobility Model 

Let t^, t^_ and t„, be independent and identically distributed {iid) random variables rep- 
resenting the call inter-arrival time, profile update call inter-arrival time, and zone 
residence time, respectively. Though the profile update call occupies a proportion of 
calls, we consider it independently to calculate the uploading probability. We assume 
that t^, tj, and L to be exponentially distributed with rate and respectively. 

We also assume that probability density function of U to be f„,(t) with Laplace trans- 
form y^(s)and mean \IX^. Fig. 5 shows an imbedded Markov chain model which 

shows call arrival or update call arrival pattern of a service user. The state i is de- 
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fined as the number of zone movements since a service call requested (or since a up- 
date call requested). The state transition probability aj,j^j from i to i-tl is that there is 
no call (or update call) arrival between ith and ((+l)th zone movements, and a^^ from 
i to 0 is that there is more than one call (or update call) arrives from ith movement. 
The probability that one or more service calls (update calls) arrive between two zone 
crossings, denoted by p can be obtained by 

P = £ (1 )L (t)dt = 1 - a, ) ■ (3) 



^ 0,0 




Fig. 5. Imbedded Markov chain model 



Since we assume that the zone resident time t_^ follows exponential distribution 
with mean 1/^^, the Laplace transform becomes 



zi. + zt„ A,. + A^ 



(4) 



We let the probability of one or more service calls and update calls arrival between 
two zone crossings as probability and , respectively. Then 



Pd = 



A. 






Pu = 



A, 



A, 



(5) 



Let M be the update call ratio, then 

We assume the costs for network message size in bytes as T , T^ and T^, for service 
call transaction, profile upload, and profile download, respectively. 

We also assume the following notations. 

• p^ : ratio of SZ (average number of service zones/total number of zones) 

• c^^ : call ratio in SZs (expected number of calls in SZ/total expected number of 
calls) 

• p„ : probability of SP uploading (more than one update occurs between two con- 

n 

secutive zone crossings, £ ). 

• p^^ : probability of SP uploading in a SZ (more than one update occurs in a SZ, 

Ps-Pu)- 
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• Pj : probability of SP downloading (more than one call request occurs between two 

consecutive zone crossings, — — ). 

• p^^ : probability of SP downloading in a SZ (more than one call request occurs in a 
SZ, p, ■ Pa )■ 

To evaluate the performance, we consider service management cost to be sum of 
movement cost and the service call cost. The SP upload/download costs are included 
in the movement cost because at most one upload/download occurs between two reg- 
istrations. 

So the service management cost is as follows: 

= (Mx/?J + (5 (6) 

where is the service management cost of each replication schemes, M is 

the movement cost, is the ratio of the movements, S is the service call process- 
ing cost, and is the call ratio. The cost M is mainly composed of the SP down- 
load and upload cost. 



3.2 Comparison of Message Traffic Costs 

Let us define the message traffic cost to be the cost incurred in the signaling, which is 
related to the amount of message. Since the SP management is the main concern 
rather than mobility management, we focused on the message transactions when SP 
downloading and uploading, and centralized service execution. Therefore, we can 
summarize the cost of each scheme with regard to the parameters. 

• For the FMRU scheme, the cost is only incurred by the movement with update 
probability p^. 

• For the FMRUD scheme, the cost is incurred by the movement with the probability 
Pd and p„. 

Note that the service call cost is zero for FMRU and FMRUD. 

• For the FMRC scheme, the cost is incurred by both the service call and the user 
mobility. The service call cost is only incurred by the user located in NSZ with 
the probability (l-p^), and the download and upload cost occurs with the probabil- 
ity p^ and p^^, respectively. 

• For the FMRCD scheme, the cost is FMRC with the download probability applied 

as P,d- 

• For centralized scheme the cost is incurred by the service calls only, so that the 
cost is T . 

s 

By equation (6), we can calculate the Total Cost (TC) of each scheme as follows: 
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'^^FMRUD ~ iPd ’'^d Pu ' 



4 

\ +4 



tc„rc= a- c..) • t; • + (ft • T’. + ft„ • rj • 



( 8 ) 

(9) 






( 10 ) 



rr =T ■ 

CENTRAL 



A. 






( 11 ) 



Table 1 summarizes the costs of four replication schemes as well as the central 
scheme 



Table 1. Comparisons of expected cost for the five schemes 





Service Call 


Movement 




SZ 


NSZ 


SZ^ISZ, NSZ} 


NSZ^{SZ,NSZ} 


FMRU 


0 


T,+Pu-T, 


FMRUD 


0 


Pd-T^+Pu- T, 


FMRC 


0 


(i-cJ-4 


Ps-Td+Psu-Tu 


0 


FMRCD 


0 


(i-cJ-4 


Psd-Td+Psu-Tu 


0 


Central 


4 


0 



4 Numerical Examples 

Fig. 6 and 7 shows total SP management cost according to the movement rate and the 
call arrival rate, respectively. We assume that T^ = T,, = T^ = T and normalize the TC 
by dividing with T. We use u as 0.2, is 0.6, is 0.3 as typical parameter values. In 
Fig. 6, for fixed calling rate and according to the increasing movement rate, FMRCD 
is the most efficient, then in the order of FMRUD, FMRC, Central and FMRU. Fig. 7 
shows that for fixed movement rate, FMRUD has the lowest cost as calling rate in- 
creases. It is because FMRC has the additional call cost that FMRU does not have. By 
definition, the cost of FMRC equals to the minimum of FMRU and Central for each 
CMR. But we use equation (9) and (10) for the cost of FMRC and FMRCD because it 
shows average behavior for all CMR ranges. Fig. 8 presents the total cost comparison 
with wide ranges of CMR from 0.01 to 100. We can see that for both low and high 
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Fig. 6. Total cost comparison according to the movement rate 
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FMRUD 
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4«- FMRCD 
■*— Central 
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Call arrival rate(kc) 

Fig. 7. Total cost comparison according to the service call rate 



update ratio (u=0.2 and 0.8), when CMR is lower than 1.37, the FMRCD is the most 
efficient and in the opposite case, FMRUD performs best. The Fig. 8 highlights that 
in case of high update rate (b), for low CMR, the cost of FMRUD is larger than Cen- 
tral scheme (also larger than FMRC/D). This is the case where FMRC/D is more effi- 
cient than FMRU/D. The criterion value of CMR varies depending on the parameters 
such as transaction size ratio, update ratio, etc. 
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CMR 

(a) Low update call ratio 




CMR 

(b) High update call ratio 



Fig. 8. Total cost comparison according to CMR with low (a) and high (h) update call ratio 
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5 Conclusion 

In this paper, four service profile replication schemes — FMRU, FMRUD, FMRC, 
FMRCD — are proposed and compared each other including the Central scheme for 
future mobile network in which it is expected that the personal service profiles (SPs) 
are very frequently used. 

By utilizing users’ biased service usage characteristics in SZs, FMRC basically 
outperforms FMRU and Central scheme. We present that the FMRUD and FMRCD, 
the on-demand version of FMRU and FMRC significantly reduce the total SP man- 
agement cost compared with the FMRU and Central schemes. Since the FMRC/D has 
the service call cost that FMRU/D does not have, as the call rate increase, the 
FMRU/D performs better than FMRC/D. In conclusion, for low CMR, FMRCD is the 
most efficient and in the other case, FMRUD performs best. Considering the service 
zone management overhead of FMRC scheme, the FMRUD could be recommended. 
According to the service user’s CMR and various parameters, we can choose the best 
replication schemes for the service profile management. 
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Abstract. Universal Mobile Telecommunication System (UMTS) as an Interna- 
tional Mobile Telecommunication (IMT) 2000 system is designed to provide 
high rate data services to mobile users. Recently, most wireless services such as 
Internet access and multimedia service are changing into packet-oriented ones. 
In this paper, a commercial SGSN system, model name Generex-2000 SGSN, 
for UMTS packet service network was developed and examined. Requirements 
from several UMTS service providers are analyzed and applied to the SGSN 
system development. How much performance and capacity that the SGSN 
should have as a commercial system are presented. The developed SGSN sys- 
tem was proved to have enough performance and high capacity as well as vari- 
ous service features through a benchmarking test held by a Korean 3G service 
provider from December 2001 to June 2002. 



1 Introduction 

The Universal Mobile Telecommunication System (UMTS) as specified by the Third 
Generation Partnership Project (3GPP) was formally adopted by the International 
Telecommunication Union (ITU) as a member of its family of IMT-2000 Third Gen- 
eration Mobile Communication standards. One of the main objectives of UMTS is to 
provide mobile users with multimedia services, such as video on demand (VOD), 
data streaming, games as well as web browsing on the Internet. For more efficient 
packet data services in the UMTS, a separate mobile packet network called GPRS 
(General Packet Radio Service) has been suggested. SGSN is the main element for 
GPRS [6]. 

In this paper, a commercial SGSN system (LG Generex-2000 SGSN) as a third- 
generation wireless packet service system, not a prototype or test system, is intro- 
duced. Before developing this system, requirements collected from UMTS service 
providers were analyzed and implementation principles were established. Based on 
the principles, both system hardware and software were designed and functionalities 
for UMTS services were mapped into hardware and software. To meet high capacity 
and performance required, we tested and optimized the system over one year. 
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Following this introduction. Section 2 presents the UMTS packet core network 
overview. Section 3 gives requirements of service providers and system implementa- 
tion principles. Generex-2000 SGSN system architectures including hardware and 
software are presented in Section 4. System capacity and performance are depicted in 
Section 5. The paper concludes in Section 6 with some future works. 



2 UMTS Packet Network Overview 

The packet services in UMTS is being standardized by 3GPP and based on the net- 
work reference model shown in Figure 1 [1]. The UMTS packet network includes a 
set of nodes required for commercial deployment by the 3G operators. It is known 
that packet domain core network devices including SGSN can be integrated into any 
heterogeneous network element by supporting of its fully compliant interfaces, such 
as lu-PS to the UMTS Terrestrial Radio Access Network (UTRAN), Gr to the HLR 
(Home Location Register) and Gp to other PLMNs (Public Land Mobile Networks). 
Handover/roaming between an UMTS network and other UMTS network is possible, 
as required by the standards. SGSN can be connected to the UMTS user equipment 
through UTRAN. It also supports MS (Mobile Station), HLR and Mobile Switching 
Center (MSC). 

In corporation with HLR, SGSN provides the location management of mobile 
packet subscribers and the security management. Gateway GPRS Support Node 
(GGSN) interconnects with the external networks and the firewalls for security pur- 
poses. 




Signalling Interface 

Signalling and Data Transfer Interface 



Fig 1. UMTS packet- switched network reference model 
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SGSN is the node that is serving the MS by supporting the lu-PS and Gb inter- 
faces. At an MS’s attach, SGSN establishes a mobility management context contain- 
ing information pertaining to mobility and security of MS. At packet data protocol 
(PDP) context activation, the SGSN establishes a PDP context to be used for routing 
purposes inside the UMTS PLMN, with the GGSN that the mobile subscriber will be 
using. The SGSN and GGSN functionality may be combined in the same physical 
node, or they may reside in separate physical node. SGSN and GGSN contain IP 
routing functionality, and they may be interconnected with IP routers. When SGSN 
and GGSN are in different PLMNs, they are connected via Gp interface. Gp interface 
provides the functionality of Gn interface, plus security functionality required for 
inter-PLMN communication. The SGSN may send location information to the 
MSCWLR via the optional Gs interface. The SGSN may receive paging requests 
from the MSC/VLR via the Gs interface. 

Some of the key functions of SGSN are mobility management, packet routing and 
transfer and network access control. For packet routing and transfer, SGSN has relay, 
routing, address translation and mapping, encapsulation and tunneling functionalities. 
Network access control function includes authentication, authorization, admission 
control and packet terminal adaptation functionality. If SGSN supports 2G GPRS, it 
should include logical link management, radio resource management, data compres- 
sion and ciphering functionalities. For more detailed information, please refer to 
[ 1 , 2 ]. 



3 System Requirement and Implementation Principles 

3.1 Service Provider’s Requirements 

As a 3G SGSN system developer, received various system and service requirements 
were received from UMTS service providers. The followings are several important 
issues selected from the requirements: 

1. High capacity: Service providers need the SGSN having high capacity, that is, 
support of larger number of PDP contexts over one million, attached subscribers of 
over 500,000 and minimum 16 radio network controllers (RNC) interconnected. In 
addition, various kinds of interfaces should be supported such as No. 7, STM-1, 
POS and Gigabit Ethernet as well as Fast Ethernet. 

2. High performance: To support lots of subscribers and a great amount of their mul- 
timedia data traffic, SGSN should support high data throughput of over 500 Mbps, 
rapid signal processing of over 180,000 PDP Activation/ Busy-hour and efficient 
subscriber’ s data management. 

3. Survivability and fault tolerance: In case of system failure and overload, SGSN 
can provide its service without interruption. 

4. Support of various service features: Service providers need an SGSN with not only 
basic services but also short message service, supplementary service, intelligent 
network, and so on. 
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5. Easy and simple maintenance: Service providers need easy and simple manage- 
ment interfaces for their service operators to maintain the system. Graphic User In- 
terface (GUI) is necessary to efficiently manage the system in an integrated. 



3.2 Implementation Principles 

To meet the requirements of service providers, we first set up the system implementa- 
tion principles as follows: 

1. Clear split between user plane and control plane: Main processing boards are used 
for signal control such as session and mobility management in user plane. Interface 
boards are used for GTP-U traffic process and packet routing in user plane. 

2. scalability: Modular architecture makes it possible to easily extend the number of 
subscriber and traffic capacity to support. Operators can start a basic architecture 
with a small capacity configuration and later increase the system capacity when the 
service manager wants to upgrade data traffic throughput and subscriber number. 

3. reliability: Main processors, switch, ATM adaptation cards and SS7 cards have 
1 h- 1 redundancy for high reliability. Line cards for user plane have Nh- 1 redun- 
dancy to enable reduction of 1/n of the hardware without major impact on the ser- 
vice. 

4. performance: To provide the powerful performance, dedicated processors for user 
plane and control plane are used. Flexible and modular architectures are optimized 
in both hardware and software. 

5. simplicity of maintenance: The proposed system should provide an integrated and 
simple multi-user man machine interface(MMI) with GUI for the system opera- 
tors, which is easy to learn and maintain. 

6. interoperability: Standard interfaces let the developed SGSN integrate seamlessly 
into any UTRAN, GGSN and other network nodes. To cope with network evolu- 
tion, various protocol processing modules, for example SIGTRAN, should be in- 
cluded. 

4 Generex-2000 SGSN System Architecture 

4.1 Hardware Architecture 

Generex-2000 SGSN system is composed of controller units, interface units, ATM 
switch and data storage devices. Figure 2 shows Generex-2000 SGSN system con- 
figuration [5,7]. All functional modules of SGSN exist in the basic rack. When it is 
necessary to extend the system capacity of data throughput and subscriber number, 
the extension rack is added. The detail information of each component is as follows: 

4.1.1 Controller Unit 

A controller unit is composed of 8 pairs of main processors (MPs) for l-i-l redun- 
dancy. They process the main functions of SGSN, such as mobility management. 
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session management, system configuration, charging and accounting. They handle the 
control plane and the signaling interfaces, including the GTP-C protocol on Gn and 
Gp interfaces and the RANAP protocol on lu-PS interface. Also, They manage 
internal resources for packet traffic in user plane. According to their functionality, 
each MP is called as SMP, ANP, NCP and LMP, respectively. 

System Management Processor (SMP): system operation and management, charg- 
ing and statistics, man machine interface 

Access Network Processor (ANP): RNC interconnection, session management, PDP 
Context database, lu-PS signaling connection management 
Network Control Processor (NCP): GTP-c message processing, MAP, BSSAP-i- 
Location Management Processor (LMP): mobility management, subscriber data- 
base management, MM context management 



< Basic Rack > < Extension Rack > 



Fan 




Fan 


Interface Unit 




Interface Unit 


Interface Unit 




Interface Unit 


ATM 


Data 

Storage 

Devices 




Interface Unit 


Switch 


& 

Network 

Clock 




Interface Unit 


Controller Unit 




Controller Unit 


Fan 




Fan 



Fig 2. SGSN system configuration. 

In the basic rack, there are one SMP, four ANPs, two LMPs and one NCP. For 
capacity extension with the extension rack, four ANPs, three LMPs and one NCP are 
added in the new controller unit. Motorola PowerPC 750 RISC processor is used as 
MP with one Gigabyte main memory. Operating system used is our company proprie- 
tary real-time OS, Enhanced Real-time Operating System (EROS). 

4.1.2 Interface Units 

Interface units are composed of various interface boards supporting Fast Ethernet, 
Gigabit Ethernet, POS, STM- 1, STM-4 as well as No. 7 narrow and broadband. 
UMTS user plane terminates the GTP-U tunnels towards the GGSN over the Gn and 
Gp interfaces and towards the RNC over lu-PS interface. The relation between the 
interface board and main processors represents the architectural association between a 
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master and a slave. Interface board is comprised of a network processor (NP) and a 
host processor (HP). An NP plays such important roles as QoS controlling, GTP-GTP 
forwarding and packet routing. An HP controls NP and collects data for charging and 
statistics. Motorola C-5 network channel processor is used as NP and Motorola 
PowerPC 8260 processor as HP. For supporting narrowband and broadband No. 7 
signaling. No. 7 interface boards are used to interconnect MSCA^LR(Gs), HLR (Gr), 
EIR (Gf) and SMS-GMSC/IWMSC (Gd) with Gnerex-200 SGSN. Table 1 shows all 
interfaces and maximum numbers of links which can be supported in Generex-2000 
SGSN system. It is noted that the maximum number of supported links is not pro- 
vided simultaneously but it depends on the system configuration. 



Table 1. Interfaces supported in Generex-2000 SGSN 



Interface 


Port 


Maximum number of 
supported links 


In PS 


ATM(STM-I) 


32 


ATM(STM-4) 


8 


El 


256 


Gn 


Fast 

Ethernet 


20 


POS(STM-l) 


20 


POS(STM-4) 


5 


ATM(STM-I) 


20 


Gigabit 

Ethernet 


5 


Gp 


Fast 

Ethernet 


8 


Gigabit 

Ethernet 


2 


Ga 


Fast Ethernet 


2 


Gr,Gf, 

Gd,Gs 


Narrow band 


64 link / 16 El 


Broad band 


90 link/ 64 El 



4.1.3 ATM Switch 

Generex-2000 SGSN system’s back-plane is an ATM switch which plays an impor- 
tant role of switching all internal ATM cells between interface cards. The switch has 
switching capacity of 20 Gigabyte and a non-blocking architecture. 
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Fig. 3. SGSN Software Architecture 



4.1.4 Data Storage Devices 

Charging and statistics data are collected in SMP and stored in internal hard-disk and 
can be back-up into secondary storages. Later, stored data can be graphically ana- 
lyzed by operators using MMI. 



4.2 Software Architecture 

Figure 3 shows the Generex-2000 SGSN software architecture, which is composed of 
Control and Service part. Transport part and Management part. Each part has its own 
functionality as follows: 

Control and service part: In this part, high level services and subscriber manage- 
ment are given. Both Point-To-Point (PTP) and Point-To-Multipoint (PTM) services 
are supported. Software modules for subscriber management are provided for sub- 
scriber’s mobility and session management, SMS service support, service switching 
function (SSF) for GPRS, tracing function, RNNAP and GTP-C protocol processes. 
Transport part: This part is closely related with transport and network layer proto- 
col processing. All protocol processors used in the SGSN exist in this part. In the 
consideration of the system evolution to the next release (3GPP Release 5), 
SIGTRAN protocol (SCTP/M3UA/SCCP) is supported. 

Management part: This part plays an important role in managing the whole SGSN 
system, such as collection charging data and its transmission to charging gateway 
(CG), statistics function, lawful interception, system configuration, fault management 
and performance management. 





440 Min Jang, Choong Kun Lee, and Hyoung Taek Kim 

5 Generex-2000 SGSN Capacity and Performance 

Most UMTS service providers require systems having enough capacity and high 
performance to support their commercial multimedia services. Especially, since the 
packet services are more and more popular and widespread than circuit services, 
SGSN is regarded as the most important node in UMTS/GPRS system. To meet the 
requirement, Generex-2000 SGSN is designed to have large capacity and high per- 
formance and proved them by using commercial test devices, such as Tektronix 
K1297, Tekelec MGTS as well as company proprietary simulators [3,4]. 

5.1 Capacity 

The capacity of the Generex-2000 SGSN system with both basic and extension rack 
is summarized in Table 2. The factors are selected from a pool of capacity require- 
ments with highest importance. From the table, numbers of subscribers and PDP 
contexts are fully satisfied with service provides’ requirement. Also, in comparison 
with other competitor companies’ SGSN, it is found that the Generex-2000 SGSN 
system has much larger capacity in almost all factors. 



Table 2. The SGSN Capacity summary 



Capacity Factors 


Measurement 


Number of subscribers 


500,000 subscribers 


Number of PDP Contexts 


1,000,000 PDP Contexts 


Number of PDP Context per IMSI 


11 


Number of CDR buffering 


700,000 


Number of interconnected RNC 


16 


Switching capacity 


20 Gigabyte 



5.2 Performance 

Among the various performance factors, the data throughput is the most important 
because of rapid increase of multimedia data traffic in packet service. To reflect this, 
Generex-2000 SGSN system is designed to have very high data throughput of 3.5 
Gbps, which is seven times more than the service providers’ requirement. Table 3 
shows the SGSN performance summary. Each item is average value and measured 
through lots of experiments. 

6 Conclusions 



In this paper, we have introduced a commercial IMT2000 SGSN system, model name 
of Generex-2000 SGSN, for UMTS packet service. To meet the requirements from 
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3G UMTS service providers, implementation principles were established as follows: 
high capacity and performance, survivability, fault tolerance, various 3G service 
features and easy maintenance. Then, hardware and software architectures were de- 
signed and the SGSN was developed. After evaluating its capacity and performance 
using commercial test devices, Generex-2000 SGSN has been proved to be an enough 
system for a commercial UMTS service. Recently, Generex-2000 SGSN system has 
received the first grade in the benchmarking test (BMT) held by one of the Korean 
UMTS service providers, KTiCOM Ltd. from December 2001 to June 2002 and se- 
lected a major commercial IMT 2000 system supplier. 



Table 3. The SGSN performance summary 



Performance Factor 


Measurement 


Busy Hour PDP activation Attempt 


500,000 PDP-Activation/Busy-Hour 


MM Transactions per second 


3010 Transaction/sec 


Delay for Routing Area Update 


0.2 - 0.3 sec. 


Delay for Searching MM 
Context Information 


0.2 - 0.3 sec 


Busy Hour Short-Message Attempt 


1,000,000 SMS/Busy-Hour 


Pure data throughput 


3.5 Gbps 



As demands of mobile multimedia services in the mobile environment are increas- 
ing, mobile Internet, mobile games and mobile banking will be very popular applica- 
tions and therefore should be supported in UMTS in the future. To cope with these 
new applications as well as previous services, Generex-2000 SGSN, as a core node of 
UMTS, is necessary to improve system stability, capacity and performance. Also, for 
the next generation architecture evolved, so-called all-IP network, Generex-2000 
SGSN should include various service features and standards. Lastly, Generex-2000 
SGSN should support roaming with legacy 2G and 3G CDMA-2000. 



References 

1. 3GPP TS 23.060: Technical Specification Group Services and System Aspects, GPRS 
(General Packet Radio Service) Service Description, Release 1999. 

2. 3GPP TS 29.060: Technical Specification Group Core Network, GPRS (General Packet 
Radio Service) GPRS Tunneling Protocol (GTP) across the Gn and Gp interface. Release 
1999. 

3. Park, J. H.: Wireless Internet Access for Mobile Subscribers Based on the GPRS/UMTS 
Network, IEEE Communication Magazine, April 2002, pp 38 - 49. 2002 





442 Min Jang, Choong Kun Lee, and Hyoung Taek Kim 



4. Mishra A.: Performance and Architecture of SGSN and GGSN of General Packet Radio 
Service (GPRS), GLOBECOM 01, pp 3494 - 3498, 2001 

5. Lee H. and Han J.: Status of Asynchronous IMT-2000 System Development, Journal of 
lEEK, pp 517-528, 2002. 

6. Richardson K. W.: UMTS overview. Electronics and Communication Engineering Journal, 
pp 93-100, June 2000. 

7. LG Electronics: IMT-2000 SGSN system architecture design specifications, 2000. 




Design and Implementation 
of W-CDMA Radio Interface Protocols 
Using SDL Development Environments 



Pyeong Jung Song, Moon Hwan Noh, and Dong Hoi Kim 



Mobile Telecommunication Research Laboratory 
Electronics and Telecommunications Research Institute 
161 Gajong-dong, Yuseong-gu, Daejon, 305-350, Korea 
{pjsong.mhro ,donghk}@etri . re .kr 



Abstract. This paper provides a methodology to design, implement and 
verify the access stratum protocol entities in WCDMA system using the 
SDL development environments. Simulation experiments are performed 
to check the verification of call handling logic, message transfer proce- 
dures and configuration parameter values in the designed SDL, in which 
are especially focused on the access stratnm protocol entities including 
radio resource control, radio link control and medium access control. The 
simulation result indicates that the designed SDL guarantees the good 
consistency with the target test scenario, and has not any mismatching 
of logic flows as well as semantic errors in SDL design. The verified source 
codes were also generated from the designed SDL successfully. 



1 Introduction 

SDL(Specification and Description Language) is a design language of an in- 
ternational standard for a specification of communication systems, i.e. ITU-T 
Recommendation, Z.lOO Q. The great strength of SDL is in describing large 
scaled real-time systems m The most important property defined by an SDL 
specification is the behavior of the system. This is seen by its widespread use to 
define the behavior of protocol. It allows the hierarchical decomposition of the 
system into building blocks that communicate to each other via channels. Blocks 
are composed into processes, which are connected using signal routes. Each pro- 
cess has its own infinite queues and is assumed to operate independently in a 
distributed manner. The development environments using SDL can be also used 
as the base for simulation, verification, automatic code generation, prototyping, 
and testing of real-time complicated communication systems 0. 

In this paper, we introduce a methodology to design and verify the access 
stratum protocol entities, especially radio resource control, radio link control 
and medium access control in WCDMA system using SDL development envi- 
ronments, Telelogic Tau 4.2. The structure of this paper is organized as follows. 
In Section 2, we provide the architecture and functionalities of access stratum 
protocol entities in WCDMA system, and in Section 3, the design methodology 
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Fig. 1. Architecture and Primitives of Access Stratum Protocol in WCDMA System 



of access stratum is described, and in Section 4, we discuss results of verification 
according to simulation analysis. 



2 Architecture and Functionalities 

of Access Stratnm Protocols in WCDMA 

The architecture of radio interface protocols in WCDMA system has the layered 
and modular concepts, which basically comes from GSM and GPRS system. 
Also, from functionality viewpoint there was a fundamental change with the ra- 
dio transmission technology (RTT) from TDMA to wideband CDMA. Referring 
to change of the RTT, the access stratum protocols in WCDMA system was 
also strongly changed, especially radio interface control (RRC) entity, radio link 
control (RLC) entity and medium access control (MAC) entity. Fig. ^shows the 
architecture of access stratum protocols and the primitives among those protocol 
entities in WCDMA system. 

The functions of RRC is in charge of controlling the radio resources such 
as frequency bands, power, codes and channel cards as well as configurations 
of logical and transport channels through the signaling transactions which is 
used to carry all the configuration parameters of layer 2 and layer 1 between 
User Equipment (UE) and Radio Network Controller (RNC). RRC messages 
also carry all higher layer signaling (MM, CM, SM, etc) as well as the mobility 
of UE such as the measurement, handovers and cell updates in their payload 
0. RLC entity has the functions for the reliable transmission, segmentation and 
reassembly, concatenation and retransmission |S|. MAC provides the mapping 
between logical channels and transport channels, multiplexing of higher layer 
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Fig. 2. System Diagram 



PDUs between transport blocks and the physical layer, selection of data rates 
for each transport channel depending on instantaneous source rate, priority han- 
dling between data flows of one UE, traffic volume monitoring, random access 
transmission control 

3 Design of Access Stratum Protocols in WCDMA 

3.1 System Design 

As shown in Fig. 0 the system is consists of RRC, RLC and MAC blocks which 
have been already developed in our previous project m- Three blocks were 
redesigned to reflect consistency of signal names/types/parameters, upgraded 
functions, system timers and process statuses, and were integrated into a system 
level using SDL editor tool. The corresponding protocol blocks in UE and RNC 
side are designed including non-access stratum(UEJMAS, RNC_NAS) and phys- 
ical layer(UE_PHY, UE_PHY) to provide the minimum functions as a simulator 
in order to verify the mobile originating call setup procedure. Regarding the pa- 
rameter handling, the SDL editor uses ASN.l with a specific command ’’USE” 
and defines it as a package in order that RRC block uses ASN.l messages in a 
direct access manner. RRC block transforms ASN.l messages into octet string 
formats to send RLC block over the air. 

3.2 Block Design 

The block is consists of a group of related processes to define a specific protocol 
entity. As shown in Fig. 0 UE_RRC block is designed into one process and 



Design and Implementation of W-CDMA Radio Interface Protocols 445 



Block UE RRC 



[(CRIcToRrc)J 

IC_RrcRlcF 

[(CRrcToRIc)] 



' UNR_CH 

[(NasToRrcU)J 

UNasRrcR 

[(RrcToNasU)] 



UeRrcProc 



1 ( 1 ) 



, 






[(RIcToRrcU)] 




[(CPhyToRrcU)l 


URrcRIcR 




JC_RrcPhyR 


[(RrcToRlcU)J 




[(CRrcToPhyU)] 


, URL CH. 




,UCRP CH 



[(CMacToRrc)] 

JC_RrcMacR 

[(CRrcToMac)] 



UCRM CH 



Fig. 3. UE_RRC Block Diagram 




block UE RLC 



1 ( 2 ) 

URIcMaInMac R 



URL_CH 
UTmRrc R/~ 



^Si9. 

CRlc3wsp®"<I.R®<1. 
CR*c.R*$um*_R*q J 
UMainAm R 

CRfc_Stfspend_(Tnf . I 
CRic Statoi Ind 



ULM a 



f(R(cToRrcU)J 

[(RicToRicU)] 



UeRlcProc_TM(0.10) 



UeRlcProc_AM(0.10) 



[(RfcrtoMacU)] 
URIcTmMac F 



ulm_ch1 



CofTfig S>9. 
CRJc_Susper»d_Req , 
CRIc_Rtiumt_Rt9 



fcRlc.So»p»nd^Cn(.l 
jCRIc_SlatirtJnd J 



UaRlcProc_UM(0.10) 



[fRIcToRrcU] 

□Umrarc. 



(RfcToRlcU) 

'■ URL f 



lT 

CH, 



(RictoMscU)] 

.ULM-CR ■' 



UAmRrc R 

[(RrcToRIcU)] 

[(RicToRfcU)] 

URL O 



[(RlctoMacU)] 

JRIcAin_Uac R 



ULM CH 



Fig. 4. UE_RLC Block Diagram 



UE_RLC and UEJVEAC are designed into multi-process with the hierarchical 
architecture as shown in Fig. Eland Fig.0 coordination process and multi-process 
instances. The coordination process manages the initial addressing mechanism 
between inter-layer protocol blocks and creates the appropriate process instances 
dynamically. 
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Fig. 5. UE_MAC Block Diagram 



3.3 Process Design 

The process is designed for detailed procedures of a specific protocol block. 
Fig. 0 shows a part of UeRrcProc process to provide the encoding function 
that interprets the ASN.l message into octet based string frame. Fig. |7|shows a 
part of UeRlc.Coordination process, which provides the function to create the 
appropriate process instances according to the configuration information. The 
UeMac.Coordination process is shown in Fig. 0to provide the creation function 
of appropriate process instances, and to update the configuration information: 
e.g. Set, Reset and Update of random access channel (RACH). 

4 Verification of Radio Interface Protocols 

4.1 Protocol Verification 

In order to verify the designed SDLs of access stratum protocols, the simula- 
tion experiments are performed, which are focused on the message transfer, call 
handling, and parameter setting, etc. 

The test scenario was prepared based on 3GPP specification as target refer- 
ence criteria. The message sequence charts (MSC) was generated according to 
the designed SDL using the software tool. Telelogic Tau Simulator UI, which are 



Design and Implementation of W-CDMA Radio Interface Protocols 447 




Fig. 6. UeRrcProc process - A part 




Fig. 7. UeRlc-Coordination process - A part 



composed of 6 element tools including simulated system, environment process, 
interactive monitor and graphic user interface as well as SDL editor and MSC 
editor. 

It is allowed that MSC specifies the dynamic system behavior in a form of 
event/time diagrams. Fig. |2| illustrates the random access procedure as a part of 
the pre-described test scenario in WCDMA system, which is composed of user 
equipment (UE), base station (NodeB) and radio network controller (RNC). 
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Fig. 8. UeMac_Coordination process - A part 

Fig.i shows that NAS entities in the terminal(UE) requests a specific radio 
resource(DCCH) to base station(NodeB) via RRC Connection Request message, 
which is transferred through Radio Resource Control(RRC) and Radio Link 
Control(RLC). RRC entity in the base station receives RRC Connection Setup 
as the response of its request over the air. 

Fig. E3 shows the message sequence chart of a random access procedure, 
which is automatically generated from the designed SDL by using a develop- 
ment tool. On receiving Mobile_Originating_Setup signal from the environment 
process as in Fig. E3 UE_NAS block generates the RRC_Establish_Request to 
send it to UE JRRC block, which transfers the configuration information to RLC 
block and MAC block in order to fix up the configuration of the logical channels 
and transport channels in UE side. The UE_RLC_coordination process in a RLC 
block creates a process instance according to the given operation mode(TM, UM, 
AM). The UE_MAC -Coordination process in a MAC block creates a process in- 
stance according to the channel specific operation modes (RACK, CPCH, DCH, 
etc). After the successful creation processes, the signals are transacted among 
the created process instances. 

Simulation analysis and evaluation using Simulator UI tool was performed 
to check the tracing of procedural flows, process state transition, and parameter 
values as well as transaction procedures of signals between source and destination 
process. 

4.2 Simulation Results and Analysis 

In this section, the message sequence charts as simulated result of the designed 
SDL (see Fig. E3), which is automatically generated by the Teleogic Tau Sim- 
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Fig. 9. Test Scenario for Mobile Originating Call - A part of Random Access Procedure 



ulation UI tool, are compared with the test scenario prepared based on 3GPP 
specification as a target reference criteria (see Fig.^J. 

Now, we trace the simulation results as shown in Fig. ^ UE NAS block sends 
RRC_ESTJIEQ signal to RRC block with structured information fields includ- 
ing imsi, cs_domain, calLtype and at cetra. And then, RRC block generates the 
signal ”URLC_TM_DATA_REQ” obtained from the received RRC_EST_REQ 
signal and sends it to RLC block after transforming the structured information 
to octet_string format in accordance to the encoding rule of ASN.l and starts 
with timer T300 to make sure of inTime procedure. RLC block, which is operated 
in transparent mode(TM) at this time, forwards MAC_DATA_REQ from the re- 
ceived URLC_TMJDATA_REQ to MAC block after transforming the octet-String 
format to bit_string through Octet-Bit String conversion function without any 
header fields after transforming it. MAC block transfers PHY_DATA_REQ to 
PHY block with MAC header and then provides the RACH transmission con- 
trol information including max. retransmission number, access service class and 
power ramp. PHY block transmits PHY_AccessJlEQ, which is a preamble part 
of PHYJDATAJIEQ, to base station with the operation of slotted Aloha mech- 
anism over the air. 

It delivers PHY_Data_REQ, which is data part of PHY_DATA_REQ, to base 
station upon detecting the successful Ack of a PHY_Access_REQ. From the base 
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Fig. 10. Message Sequence Charts for Mobile Originating Call Scenario - A part of 
Random Access Procedure 



station side, it assigns a appropriate resource upon receiving PHYJDataJlEQ, 
which means the UE needs a dedicated control channel (DCCH) to make a 
signaling transaction with a linked base station. The detailed configuration in- 
formation of DCCH is transferred via RRC CONNECTON SETUP to UE side. 
The simulation for setup, communication and release operations of the originat- 
ing mobile call, which are followed by the random access phase, are omitted on 
this paper. 
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Comparing the Fig.lTniwith Fig.IHlfrom the signaling and protocol viewpoints, 
the analytic results confirms to the pre-defined test scenario strictly. This results 
are obviously expected from the facts that there are : 

— No semantics errors in SDL design 

— No errors in encoding and decoding of ASN.l parameters 

— In-time timer operations in each block(e.g. T300) 

— Clear operations of state transition machine in each protocol block 

— Successful transactions of signals between transmission block(/process) and 
reception block(/process). A Tau Analyzer and Simulation tools was used 
for those purposes. 

Finally, according to the analysis of results, it has been shown that the de- 
veloped SDL guarantees the good consistency with the test scenario, and there 
is no mismatching of logic flows as well as semantic errors in SDL design. The 
source codes were also generated from the designed SDL successfully. 

5 Conclusions 

A design methodology for a complicated WCDMA mobile communication pro- 
tocols is presented by introducing a SDL development environment tools. 

The SDL of mobile originating call scenario was designed and verified to 
implement the platform of W-CDMA radio interface protocols, especially the 
access stratum part. Although this paper shows a part of design of WCDMA 
radio interface protocols, the protocol platforms as well as the design method- 
ology could serve as a reference model to produce a commercialized software 
package in mobile terminal and base station. This approach allows a protocol 
software development more efficient and more cost-effective as well as providing 
good software maintenance. Additionally, it is expected that the modified or 
upgraded features of 3GPP specifications will be easily designed, implemented 
and validated for commercialized purposes. 

In near future, the integration work of source codes generated by Tau tools 
with the commercialized real time OS such as VxWorks and Linux will be in 
progress for more enhanced 3GPP protocol platform under the real environ- 
ments to download the developed source codes into target machine via Tornado 
environments for commercialized package. 
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Abstract. In this paper we address the transcoding of large complex wired 
Internet contents on a mobile wireless device. This transcoding problem is 
known as one of the most key technical barriers in enabling a widespread use of 
wireless Internet on small portable devices such as WAP-enabled smart phones. 
As a first step in addressing the issue, we propose the HTML filter that creates 
WML Decks with hierarchical indexes. The hierarchical structure not only al- 
lows a more efficient display on the small display of such devices but also en- 
ables an easy and more efficient navigation of the wired Internet contents. In 
addition, the hierarchical indexes can lead to demand driven transmission of 
converted WML Decks, which can be quite useful in a low bandwidth wireless 
environment. We have fully implemented the proposed HTML filter and 
showed the effectiveness of our approach by showing the conversion results on 
several commercial websites. The experimentation results suggest that the addi- 
tional overhead due to the creation of hierarchical indexes is negligible. 



1 Introduction 

Until now the wireless Internet access service is not yet widely distributed comparing 
with wired Internet services in common applications (Fig.l). However, in the near 
future we may see that small portable personal devices including smart phones and 
other sub-palm-sized devices outnumber traditional Internet terminals in generating 
Internet traffic [1]. To facilitate Internet access via wireless mobile devices, the Wire- 
less Application Protocol (WAP) and Wireless Markup Language (WML) were re- 
leased [7]. And such small wireless devices should overcome several limitations such 
as small display, limited input, lower communication bandwidth, small memory, and 
less computing power. To convert HTML documents into WML Decks a number of 
researches have been demonstrated ways to modify not only the markup tags but also 
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the document structure [2][3][5]. The HTML reformatting technique among other 
conversion process is still in early development stage since this reformatting usually 
involves complex procedures of information reshaping required by the limitations of 
the target mobile clients. 



Sendireceive email 

Sendireceive text message 

Access office netivorki 
business applications 
Access Internet sites 

Access news, weather, 
sports information 

Shop over Internet 




0 10 20 30 40 50 60 70 80 90 

% Interest 

■ Users of wireless data services 
□ All Users of wired and wireless data services 



Fig. 1. Consumer interest in wireless data services [5] 



A number of problems are discovered with the conversion process [1], [4]. First, 
the poor resolution and the small screen size of existing wireless portable devices 
prevent the effective display of wired Internet contents. Second, the size of the WML 
Decks after the conversion is often larger than the memory capacity that can be stored 
in hand-held devices'. 

Also, on today’s wired Internet people often experience a delay due to the display 
of unwanted information such as moving images or scripts. The situation is even 
worse in a wireless environment. If the delay increases too much, the user may dis- 
connect the wireless Internet services. Accordingly, a clever scheme is to transmit 
only the information referenced by the user on demand, thus minimizing the amount 
of unnecessary transmission. 

To address the above issues, we propose a new HTML reformatting scheme that 
creates WML Decks with hierarchical indexes. The hierarchical structure has the 
following advantages: 

1) Hierarchical indexes provide a user with a more efficient web searching, i.e. a 
logarithmic search rather than the linear search available in the traditional ap- 
proach. In addition, this enables an easy and effective navigation of the referenced 
HTML page in sub-palm-sized devices. 



* The conversion usually creates a number of WML Decks since the size of most HTML docu- 
ments usually exceeds the limit of a WML Deck, i.e. l.Skbytes. 
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2) The hierarchical structure can give a wider view of a Web site than linear struc- 
ture. For example, the top-level index can provide a global view of the source 
HTML page. 

3) Hierarchical indexes can be used to reduce the bandwidth and latency require- 
ments of the data transmission since it can transmit only the Decks referenced in- 
stead of the entire Decks created. 

For a narrow bandwidth wireless environment, we introduce a new scheme so called 
demand driven transmission (DDT), which uses the hierarchical indexes. 

This paper is structured as follows. Section 2 defines the structural components of 
the actual HTML filter and discusses our implementation philosophy on those struc- 
tural components. Section 3 shows the actual conversion results on several commer- 
cial websites. Then it analyzes and discusses the conversion and transmission per- 
formance of the proposed HTML filter by comparing to the traditional HTML filter 
approach. Section 4 summarizes our contribution and discusses our future research 
direction. 



2 The Implementation of HTML Filter with Hierarchical Decks 

Fig. 2 shows the information flow of a wireless Internet access in a WAP environ- 
ment with the proposed HTML filter. After the HTML filter converts a source HTML 
document into WML Decks, it automatically creates and stores hierarchical Decks 
and provides the top-level index Deck to the WAP client. When the client requests a 
lower Deck, a response can be given from the Gateway’s database without accessing 
the Web server. The appropriate record for the lower Deck can be found from the 
gateway’s database, and there is no need to access the Web server’s database except 
synchronization of the whole data update. 



WAP client WAP Gateway HTTP Server 




Fig. 2. The new HTML filter model to support demand driven transmission 
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Fig. 3 shows the architecture of our proposed HTML filter, which consists of the 
following function blocks: Parsing Engine (PE) to analyze the syntax of a source 
document, Markup Language Translator (MLT) to convert and create the hierarchical 
Decks, and RuleSet Database to designate language conversion rules. In the follow- 
ing, we will examine the design principles of each functional block in detail. 




Fig. 3. The architecture of the proposed HTML filter 



2.1 Parsing Engine (PE) 

The major functionality of the Parsing Engine is to analyze the lexical content of an 
HTML document, to reformat for the deletion of tags not supported such as image 
and scripts, and to construct a parse tree from the stream data. Specifically, the lexical 
analysis recognizes HTML tags. Reformatting discards the character set not sup- 
ported in WML and deletes annotated notes, multimedia data and scripts. And, 
parsing separates the HTML contents into header, tags and data. 



2.2 RuleSet Database and Scripts 

The RuleSet database defines the rules related with the translation of a source lan- 
guage into a target language. In our implementation, each rule states the conversion 
of an HTML tag into a set of WML tags and associated attributes. First, we separate 
information inside a <table> tag into an independent Deck. If there are several tables 
at the same level of a hierarchy, each table is converted into an independent Deck, or 
possibly an independent hierarchy of Decks depending on the amount of the data 
inside the table. Second, a nested table can create a nested hierarchy of Decks. How- 
ever, when a nested table does not include much data, the Decks of different levels 
can be integrated into a single Deck. We call this level aggregation. Third, if a textual 
data is over 1.5KB, the multiple Decks of the same hierarchical level are created. In 
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this case, instead of separating a Deck by the limit of the fixed size, our scheme finds 
a natural boundary of textual data by checking tags such as <p>, <center>, <div> etc. 
Finally, we use <index>, <bold> tags to decide the index for lower decks. In these 
ways the proposed HTML filter automatically analyzes the syntactic structure in a 
source HTML document and creates hierarchical Decks adaptively. These rules and 
scripts can be added or removed by the administrator and stored in the RuleSet data- 
base. The Mark Language Translator module performs the conversion by referring to 
this RuleSet database. 

There are about 90 different HTML tags and it is difficult to define a conversion 
rule for each and every type of tag. Some HTML tags are simply converted into the 
corresponding WML tags. Other HTML tags need the conversion of not only the tag 
itself but also its attributes. In general we classify the conversion rules into six differ- 
ent tag types and apply different conversion procedures to each type of tags for a 
faster and more efficient conversion. Table 1 shows the six different tag types, their 
conversion process and examples. 



2.3 Markup Language Translator (MLT) 

The Markup Language Translator (MLT) consists of two function blocks: language 
translator and hierarchical Deck creator. Generally the language translator can per- 
form a conversion of any source Markup language into any destination Markup lan- 
guage. By separating the RuleSet database from the MLT, the same MLT can be used 
independent of source and destination Markup languages (XML, WML, HTML, 
HDML etc.) without any change or modification if the conversion rule is provided. A 
traditional implementation requires different translators for each source and destina- 
tion language pair. In contrast, by separating the translator and RuleSet databases, our 
MLT can perform any type of translation by simply adding the rules for each pair. 

3 Experimental Results 

3.1 Functional Evaluation 

In order to perform a test on the functions of the HTML filter, several commercial 
WWW (World Wide Web) HTML documents are converted using the HTML filter 
we implemented. The WAP browser used in the test is WAP Emulator from M3Gate. 
Thus, WML documents through the HTML filter are displayed on a general PC 
screen using the emulator. We display the translated results of higher and lower levels 
and the linkage between them on a popular web site. The evaluation of the proposed 
HTML filter is divided into three categories: the analysis of Web document layout, 
the creation process of hierarchical Decks, and the navigation process among Decks. 

Fig. 4 shows the conversion results from Hankook-ilbo website. The figure dis- 
plays the WML Decks at four different levels and the links between the upper layer 
indexes and lower Decks. The second level Deck has its contents and four links to 
navigate to its lower decks; hot news, community, sports and economic news. In this 
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experiment each link is implemented by simple anchor tag of WML language. How- 
ever, other methods such as Template function of WML language can be used to link 
lower levels. As seen in this figure, the hierarchical structure can give a simple and 
global layout of the site. In addition, since only a small deck needs to be displayed in 
the screen of WAP browser, it is more suitable to be displayed on wireless terminals 
with small display and small memories. 




Fig. 4. The conversion example on the Hankook-ilho site: http://www.hankooki.com 



3.2 Performance Evaluation 

In order to evaluate the performance of HTML filter with hierarchical Decks, average 
processing time of conversion from HTML to WML, average bandwidth for trans- 
mission from WAP Gateway to wireless terminal, and mean transmission delay are 
measured. For simplicity, we assume that the retransmission between a mobile client 
and WAP gateway will occur more frequently as the loss rate of the wireless network 
increases. The WSP (Wireless Session Protocol) signaling header length used in the 
experiment is 19 bytes. 

Table 1 shows the processing time of the conversion, the average size of the input 
and output documents, and the level depth of hierarchical decks. As shown in Table 
1, both our proposed HTML filter and the baseline filter show similar processing time 
for the translation, which shows the additional overhead due to hierarchical Deck 
creation is negligible. On average the processing delay is about 2.8 seconds, and the 
average depth of the hierarchy is about 5, which is relatively large considering the 
number of Decks created. However, with more optimization technique such as level 
aggregation, which we have not implemented yet, we can decrease the average depth 
of the hierarchy. Also the processing time can be reduced considerably by using sev- 
eral simple optimizations we are considering. 
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Concerning the performance of the demand driven transmission (DDT), we can 
simulate the amount of traffic generated by the DDT compared to traditional WAP 
approach assuming wireless channel rate of 19.2kbps and different channel loss rate 
ranging from 0% to 30%. The traffic generated by the proposed HTML filter depends 
on the number of Decks accessed on each session. We performed several experiments 
to investigate the average number of Decks retrieved by the user for each session, 
which ranges from 4 to 6 depending on the depth of Deck hierarchy and how long the 
user spends on the Web site. We use these data to compute the traffic generated by 
the DDT. First, the traffic generated by the DDT is generally lower compared to 
traditional approach. This is expected since the DDT only transmits the data 
referenced instead of the entire Decks created. The situation is more pronounced in 
CNN and NY Times Web sites, which inherently has significantly more textual data 
compared to WAP Forum site as evidenced by the number of Decks created in 
Table 1. Second, as the channel loss rate increases, the traditional transmission results 
in increased retransmission. Thus, the DDT can get higher performance in the 
presence of higher channel loss rates. 

Table 1. The translation results of our HTML filter on several commercial Web sites (compari- 
sion of proposed/ traditional HTML filter) 





Hankook 


Yahoo! 


CNN 


NY 

Times 


Wap- 

Forum 


Aver- 

age 

Length 


Input Document 
Size (bytes) 


49152 


41601 


187985 


169457 


160167 


131503 


Output Deck size 


1098/ 


1085/ 


1207/ 


1473/ 


1252/ 


1223/ 


(bytes) 


18208 


9491 


14449 


22107 


5229 


13897 


The number of 
Decks in pro- 
posed filter 


4 


14 


18 


21 


6 


12.6 


Conversion Time 
(sec) 


4.0/4. 1 


3.0/3.0 


3.0/3. 1 


3.0/3.2 


1. 0/1.0 


2.S/2.9 


Hierarchical 

Depths 


4 


6 


4 


5 


4 


4.6 



When we consider the network transmission delay of the proposed HTML filter 
with DDT compared with traditional HTML filter approach, the transmission delay of 
the proposed HTML filter with DDT is much shorter than that of traditional HTML 
filter in the low to medium bandwidth networks such as IS-95A, IS-95B, and IS-95C. 
Because the channel rates of the current IS-95A, IS-95B, IS-95C and 
IMT2000(cdma2000 3x) are 14.4, 64, 144, 384kbps respectively. Therefore, the de- 
mand driven transmission scheme may turn out to be quite effective in current wire- 
less network generation. However, in the next- generation network such as cdma2000 
3x (IMT-2000), the proposed DDT may be no longer attractive since the total delay is 
dominated by the signaling delay in the underlying network rather than the bandwidth 
required by different transmission schemes. To further reduce the delay, we are con- 
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sidering a group transmission scheme which transmits a group of Decks frequently 
referenced instead of transmitting a single Deck at a time, thus increasing the traffic 
but reducing the signaling delay incurred by frequent transmission in DDT. Based on 
the cache history in the WAP gateway, we can selectively choose the group of Decks 
transmitted, we can even lower the network delay both in low and high bandwidth 
network environments. 

4 Conclusions and Future Works 

We introduce the design and implementation of a new efficient HTML filter that can 
optimize the amount of data transmitted in a wireless environment. This can be ac- 
complished by creating hierarchical WML Decks from existing HTML pages and by 
performing the Web access on demand on a per-WML-Deck basis. The adaptive and 
automatic creation of structured WML decks also allows the efficient display of 
wired Internet contents on a mobile device with limited resources such as small dis- 
play size and limited memory capacity. We demonstrate the effectiveness of the pro- 
posed HTML filter by showing the translation results on several commercial Web 
sites. We also analyze and evaluate the performance of the proposed HTML filter 
with hierarchical WML Decks by comparing its results to those of the baseline 
HTML filter that generates WML Decks without hierarchy. 

Several issues still remain to be addressed. In the near term, we will address sev- 
eral other constructs of a HTML document that we ignored in the current HTML 
filter implementation, such as frames, scripts, and multimedia objects. For the long 
term, we also want to tackle a much harder problem, the semantic analysis of the 
source documents to enable a human-like transcoding in the HTML filter of the fu- 
ture. 



Acknowledgment 

This work was supported by a Korea University Grant in 2001. 



References 

1. Bill N. Schilit, et al: m-links: An infrastructure for very small internet devices. 
SIGMOBILE ( 2001) 122 - 131 

2. Carsten Lanquillon, Ingrid Renz: Adaptive information filtering. Proceedings of the eighth 
international conference on Information knowledge management (1999) 538-544 

3. Jonathan Hodgson: Do HTML Tags Flag Semantic Content? IEEE Internet Computing, 
Vol. 5, Issue I (2001) 20-25 

4. Marcin Metter, Dr Robert Colomb: Wap Enabling Existing HTML Applications. User 
Interface Conference, (2000) 49-57 

5. Peter D.Hart Reseach Associates: The Wireless Marketplace in 2000. 
www.hartresearch.com 




Adaptive and Automatic Creation of Hierarchical WML Decks 461 



6. Subhasis Saha Mark Jamtgaard, John Villasensor: Bringing the Wireless Internet to Mobile 
Devices. IEEE Computer, Vol. 34, Issue 6, (2001) 54-58 

7. WAP Forum: Wireless Application Protocol: http://www.wapforum.org 




A Hybrid Cache-Index Forwarding Scheme 
for Mobile WWW 



Kyung Hwan Ahn and Ki Jun Han 

Department of Computer Engineering, Kyungpook National University 
Taegu 702-701, South Korea 

khan@netopia . knu . ac . kr , kjhan@bh . knu . ac . kr 



Abstract. Caching and prefetching are well-known solutions to solve the prob- 
lem of long-latency in both wired and wireless networks. A cache-index for- 
warding can be used to let the base station know the caching information on the 
mobile hosts. In this paper, we propose a hybrid cache-index forwarding 
scheme, which sends the caching data information on mobile hosts per docu- 
ment to the base station. Our scheme also transfers all of the cache-index data 
from the old base station to the new one during the handover phase. 



1 Introduction 

Currently, the World-Wide Web (WWW) is considered a very promising technology, 
currently widely used for the deployment of applications on the Internet and over cor- 
porate intranets. This client/server system owes its great success to the standardization 
of communication between browsers and information servers. Apart from the devel- 
opments in the software arena, during this decade, we have also experienced tremen- 
dous advances in the area of wireless-personal communications. Global System for 
Mobile Communications (GSM) has received a impressive acceptance and has spread 
rapidly over the globe. In addition, office environments and industrial installations 
have benefited from the introduction of Digital Enhanced Cordless Telecommunica- 
tions (DECT). The upcoming Universal Mobile Telecommunications System (UMTS) 
provides a integrated platform for mobile communications with world-wide coverage 
and speeds up to 2 Mbps. 

However, there are some problems that can be ignored in wired networks, that 
must be addressed when we try to access the WWW over wireless networks. These 
problems are mainly due to the different characteristics between wired and wireless 
networks. Data communication over wireless networks is characterized by more lim- 
ited bandwidth, higher latency, higher bit-error rates and a temporary disconnection 
compared with wired networks. Thus, parts of a wireless network may create a serious 
bottleneck. Since the performance of the integrated system depends on a wireless 
network, many approaches have been introduced to improve the performance of wire- 
less networks [1]. 

Caching in the base station is one approach to improving wireless network per- 
formance. This approach has been proposed to reduce the round-trip time from mobile 
hosts to fixed hosts. In general, the base station is just an inter-mediator of data com- 
munication, which only handles simple data transmission between mobile hosts and 



J. Lee and C.-H. Kang (Eds.): CIC 2002, LNCS 2524, pp. 461-469, 2003. 
© Springer-Verlag Berlin Heidelberg 2003 




462 Kyung Hwan Ahn and Ki Jun Han 



fixed hosts. With the method of caching in the base station, the base station caches the 
data and locally retransmits it to mobile hosts when errors happen between the mobile 
hosts and the base station. This method decreases the response time by the reducing 
round trip time and improves the performance of TCP-based wireless communication. 
However, there is little improvement over the wireless network itself [1,2]. 

Prefetching and uploading in the base station is designed to reduce the number of 
round-trips on both wired and wireless networks. They are also designed to increase 
link utilization by overlapping transfer on the wired and wireless networks. The base 
station makes extensive use of the predictive upload facility by prefetching document 
objects embedded in WWW documents. This approach allows improvement at higher 
levels of data communication because it also supports application level mediators that 
are transparent to both mobile hosts and fixed hosts [3]. 

To effectively prefetch and upload data in the base station, the base station has to 
know what is in cache on the mobile hosts. Prefetching and uploading without the 
data information in cache on the mobile hosts can cause unnecessary network traffic 
and reduce available network resources. Moreover, mobile hosts are moving in a 
wireless environment. They can move from one area to another. When mobile hosts 
move one base station scope (cell) to another, a new base station has no information 
about the caching data on the mobile hosts. To solve these problems, mobile hosts 
provide the new base station with all of cache-index or cache-index per document 
data whenever mobile hosts move into new cells. 

However, there is some inefficiency with this approach. With all of cache-index 
data, the overhead of cache-index transmission and management may cause unex- 
pected and serious wireless network delays. Furthermore, when mobile hosts move 
quickly and cell size is limited, there is not enough time to send all of the cache-index 
data to the new base station [4]. With cache-index per document, it is unaffected by 
the size of the cache-index and supports high mobility of mobile hosts as it transfers 
only the cache-index information of a requested document. Nonetheless, this method 
may cause high latency due to the lower cache hit ratio. 

In this paper, we propose an efficient forwarding method of cache-index, which 
supports for high mobility of mobile hosts and provides a high cache hit ratio. It trans- 
fers most cache-index data from the old base station to a new one. However, it doesn’t 
suffer from wireless network delays, because the cache-index transmission is per- 
formed not by the mobile host but by the base station. In addition, the more cache- 
index information it receives, the more it may also take advantage of a high cache hit 
ratio. 

The rest of this paper is organized as follows. In section 2, we introduce some re- 
lated research. Next, we propose a new cache-index forwarding method in section 3. 
Simulation results are reported in section 4 and we conclude with some remarks in 
section 5. 



2 Related Research 

MowgliWWW and CINDEX are notable examples of caching and prefetching for 
HTTP to solve the problems of wireless networks [2, 4, 5]. In this section, we will 
discuss more details about the common architecture, cache-index Forwarding Scheme 
and tradeoffs of MowgliWWW and CINDEX. 
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2.1 Common Architecture 

The MowgliWWW and CINDEX are designed to increase the usability, reliability 
and efficiency of client-server communication between mobile hosts and fixed hosts. 
The basic idea is to split a channel with end-to-end control into two parts using a 
store-and-forward type interceptor. This interceptor allows us to replace the client- 
server paradigm with the client-mediator-server paradigm. As shown in Fig 1, this 
common architecture is composed of a Web browser, HTTP Agent, HTTP Proxy and 
Web server. 




The basic operation of these components is as follows: When a WWW browser 
requests a particular document, the agent first checks the document’s Uniform Re- 
source Locator (URL) against the cache index. If the document is present, the agent 
simply returns it to the client. If the document is missing, the agent forwards a request 
to the proxy and creates a new entry in the cache index. Eventually, the proxy will re- 
spond to the request with either an error response or a document response. As soon as 
the agent receives the response header, it starts sending an arriving response to the 
waiting client. In addition, a document response is stored in the agent cache. From 
this moment on, any new HTTP request for this document object is served from the 
cache. 

The proxy uses a very similar algorithm. It serves the request from its own cache 
when possible. Otherwise, it contacts the WWW server indicated by the URL in order 
to fetch the document. While receiving the response from the WWW server the proxy, 
it simultaneously forwards it to these agents. The response is also written into the 
proxy’s cache. If a WWW server is unavailable, the proxy generates an error response. 

While receiving a HTML page from a WWW server, the proxy parses it to find 
references to inline images. The proxy checks the images against its cache index and 
automatically starts prefetching those images that are not found in the cache. When 
the transfer of the HTML page is complete, the proxy can immediately start transmit- 
ting the inline images to the agent. In the mobile host, the agent intercepts the request 
for inline images from the Web-browser and does not transfer it to the proxy. 
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2.2 Cache-Index Forwarding Scheme of MowgliWWW and CINDEX 

This technique significantly reduces the number of round-trips by intercepting the re- 
quests for inline images and icons in HTTP. In addition, it increases link utilization by 
overlapping transfer and display to the mobile host and the fixed host. As a result, the 
response time observed by the end-user is greatly decreased. However, this technique 
may not work well when the proxy has no cache-index or when the cache-index on 
the proxy does not match the caching index on the agent. To solve this problem, both 
MowgliWWW and CINDEX use the cache-index Forwarding Scheme. 

In the MowgliWWW, the sequence of cache-index Forwarding is as follows: (1) A 
connection is established between the mobile host MH-A and the Base station BS-A, 
when MH-A moves into CEFF-A. (2) If there is the cache-index on MH-A, validate 
the cache-index. (3) If there is no cache-index on BS-A, then all of the MH-A cache- 
index is forwarded to BS-A. (4) After forwarding the cache-index, caching and pre- 
fetching are conducted in reference to the cache-index. (5) The cache-index is main- 
tained for several sessions. (6) When MH-A moves into a new cell, CEFF-B, the se- 
quence from (1) to (5) will repeat on BS-B. 

The cache-index Forwarding procedure in the CINDEX is as follows: (1) A con- 
nection is established between the mobile host MH-A and the base station BS-A, 
when MH-A moves into CEFF-A. (2) When a document on the WWW is requested, 
check the cache-index on MH-A. (3) If there is no document in the MH-A cache, the 
cache-index, which has information of the document itself, and inline images on the 
document are forwarded to BS-A with the request for the document. (4) BS-A per- 
forms caching and prefetching in reference to the cache-index for the document. (5) 
The cache-index is maintained per document, not per host, in the base station. (6) If 
MH-A moves into a new cell, CEFF-B, the sequence from (1) to (5) will repeat on 
BS-B. 

2. 3 The Tradeoffs of MowgliWWW and CINDEX 

There are some tradeoffs of MowgliWWW and CINDEX. From the viewpoint of 
cache-index management, when the mobile host moves into new base station, the 
MowgliWWW forwards all of cache-index of itself to one. Therefore, it may cause 
the unexpected and serious wireless network delay because of the overhead of cache- 
index transmission and management. Furthermore, when mobile hosts is fast and cells 
are not so big, there is no enough time to send all of cache-index to the new base sta- 
tion. However, CINDEX, cache-index forwarding per document, is not affected by 
the size of cache-index and supports for high mobility of mobile hosts as it transfers 
only the cache-index information of a requested document. From the viewpoint of 
cache hit ratio, the MowgliWWW is superior to the CINDEX. This is the reason that 
the more cache-index data that is forwarded to the base station, the more caching and 
prefetching is performed on it. 

3 A Hybrid Cache-Index Forwarding Scheme 

While MowgliWWW is simple and easy to implement and provides a higher cache 
hit ratio, it may cause unexpected and serious wireless network delays due to the 
overhead of cache-index transmission and management. While CINDEX obtains effi- 
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cient cache-index transmission and management, it may produce high latency due to 
its lower cache hit ratio. Considering these advantages and disadvantages, we propose 
a hybrid cache-index forwarding method for better performance, which supports for 
high mobility of mobile hosts and provides a high cache hit ratio. 

In our cache-index forwarding scheme, cache-index forwarding is conducted in 
both the mobile host and old base station. A mobile host forwards only a cache-index 
per requested document such as CINDEX. Fig 2 shows a graphical representation of 
the proposed scheme. 
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Fig. 2. Message flows in a hybrid cache-index forwarding 



The MT transmits the old BS the radio link measurement. When the old BS deter- 
mines that a handover is required, it sends a handover required message to the switch. 
When the switch receives this message, it sends a handover request message to the 
new BS. When the new BS acknowledges the request, the switch sends the handover 
command message to the old BS. The old BS commands the MH to transfer the link 
to the new BS, and also sends ALLCIndex message with HO command message. The 
MH reports the handover completion message to the new BS. The new BS informs 
the switch of the handover completion. 

During the handover phase, the old base station also transfers all of the cache- 
index data to a new one. When the new base station receives all of the cache-index 
data from the old one, it selects some recently used cache-index data from the entire 
cache-index. Then, the base station caches and prefetches a document from the 
WWW. Though our proposed scheme requires an additional signaling message, it is 
almost unaffected in terms of handover completion time. This is because ALLCIndex 
message issued concurrently with the HO command message. 

The main features of the proposed scheme are as follows: First, because a mobile 
host does not transfer the entire cache-index but instead only the cache-index per re- 
quested document, the overhead to send the cache-index in a wireless network is al- 
most negligible. Second, our scheme supports effective mobility between mobile 
hosts and base stations due to forwarding only cache-index per document in wireless 
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network. This occurs even though the mobile hosts are moving quickly and the cell 
size is minimal. Third, this approach has a high cache hit ratio. Whenever mobile 
hosts move into the cell of a new base station, the new base station receives all of the 
cache-index data from the old one. As a result, a greater amount of caching and pre- 
fetching is done at the base station. Fourth, the overhead to manage the cache-index is 
almost negligible. In an effort to reduce this overhead, the entire cache-index is for- 
warded not to a wireless network but instead to a wired network. Caching and pre- 
fetching are also performed not on the entire cache-index, but only on some of the re- 
cently used cache-index data with a mobile hosts’ boundary average holding time. 

4 Simulation 

In this section, we report on simulations conducted to measure the effect of our 
scheme on observed latency. In our simulations, we measured the time required to 
load a document and all of its inline images, as well as the cache hit ratio. 

4.1 Simulation Model 

For performance evaluation of the proposed scheme, we built a simulation model for 
a mobile environment. The simulation model consists of hexagonal cells. A base sta- 
tion for each cell resides at the center of each cell. The cells are wrapped around so 
that the topology is laid on the surface of a sphere, which means that the handover 
rates in all cells will be approximately similar. We assume the arrival rates of users’ 
requests are Poisson with rates equal to X and that the holding time for each mobile 
host is exponentially distributed with rates equal to p. The direction that the mobile 
host will travel is also random. 

To show the results of our simulation more effectively and reasonably, we used 
important parameters obtained from the literature [6, 7, 8]. In our simulation, we used 
three base stations and five mobile hosts. Each base station has a capacity of 10 Mbps. 
The arrival rate of user requests, X, is 30 requests per minute. The holding time for 
each mobile host, p, is exponentially distributed with an average value of 40.6 sec- 
onds. The document and inline image sizes generated from a discrete exponential 
function is 10 Kbytes and 8 Kbytes, respectively. A cache removal policy is Least 
Recently Used (LRU). Cache consistency, private document, and dynamic documents 
were not addressed. In the simulation experiment, the warm-up period is set to 
100,000 accesses and the run length is set to 100,000 accesses. 

To evaluate performance of different cache-index forwarding schemes, we gener- 
ated user access patterns from Simon’s model described below [10]. User access pat- 
terns were determined by two parameters (a, y) of this model. We used the estimated 
Simon’s model parameters from the two sets of empirical data obtained from a Vir- 
ginia Tech proxy cache. Simon’s model parameters are (1) a = 0.54, y = 1 and (2) a = 
0.1163,7=0.92. 

4.2 Results 

We now represent the results of our simulation in two parts. First, we examine the to- 
tal response time. Second, we present how our cache-index forwarding scheme in- 
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creases the cache hit ratio. To evaluate our proposed scheme, we compare the hybrid 
cache-index forwarding scheme with entire cache-index forwarding and cache-index 
forwarding per document, respectively. 

Fig 3 shows the total response time for each scheme. From Fig 3 we see that our 
scheme offers a smaller total response time than the others. This is due to the increase 
of information to cache and prefetch documents without the overhead to transmit the 
cache-index on the mobile host through a wireless network. Moreover, in Fig. 3, 3(a) 
has higher performance in the view of total response time than in 3(b) because the 
concentration of references affects the cache hit rates of Web document. 

Thus, the less each value of a and y, the more concentration of references. In our 
simulation, 3(a) tells each value of a and y, respectively 0.54 and 1 and 3(b) tells each 
value of a and y, respectively 0.1163 and 0.92. 
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Fig. 3. Total response time 
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Fig 4 shows the cache hit ratio for each of the three cache-index forwarding 
schemes. In Fig 4, our scheme offers a larger cache hit ratio than the others. This is 
because our proposed scheme provides more information for caching and prefetching 
according to the recently based policy. Note that the total respond time has much 
higher performance (Fig 3) while the cache hit ratio doesn’t have much higher per- 
formance (Fig 4). It can be proved by looking at the cache state of WWW Agent and 
WWW Proxy in detail. The cache state is divided into miss, pending and hit. In this 
simulation we performed focusing on only hit. However, total response time is af- 
fected not only hit but also pending. 
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Fig. 4. Cache hit ratio 



5 Conclusions 

In this paper, we propose a hybrid cache-index forwarding scheme to solve the prob- 
lems due to the different characteristics between wired and wireless networks. In our 
scheme, cache-index forwarding is performed in both the mobile host and the old base 






A Hybrid Cache-Index Forwarding Scheme for Mobile WWW 469 



station. A mobile host forwards only a cache-index per requested document, such as 
CINDEX. During the handover phase, the old base station also transfers all of the 
cache-index data to a new one. When the new base station receives all of the cache- 
index data from the old one, it selects some recently used cache-index data from the 
total cache-index and caches and prefetches a document from the WWW. 

Our scheme requires a negligible overhead to send the cache-index data over a 
wireless network because a mobile host does not transfer all of the cache-index data 
but only the cache-index per requested document. Our scheme also has no overhead 
to manage the entire cache-index. In addition, our scheme supports more effective 
mobility between the mobile hosts and base station due to forwarding only the cache- 
index per document in a wireless network. Further, our approach offers a high cache 
hit ratio because a greater amount of caching and prefetching is done at the base sta- 
tion. 

Though our proposed scheme requires an additional signaling message, it is almost 
unaffected in terms of handover completion time. This is because ALLCIndex mes- 
sage is issued concurrently with the HO command message. 
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Abstract. This paper has proposed the distributed power control (PC) 
algorithms that employ two evolutionary computation (EC) or genetic al- 
gorithm (GA) techniques in order to solve linear systems of equations for 
power update in CDMA cellular radio systems. The proposed algorithms 
are modeled on applying evolutionary computation algorithms with the 
phenotypic and genotypic views to the CDMA power control problem. 
The major gain from the applied evolutionary computation algorithms 
is more rapid optimization on linear systems of equations compared with 
the simple genetic algorithm (SGA). Employing the distributed con- 
strained power control (DCPC) and bang-bang (BB) algorithms as the 
basic reference algorithms, we have designed and implemented computa- 
tional experiments on the DS-CDMA system. The proposed EC-DCPC 
phenotypic algorithm is compared with the DCPC algorithm. The GA- 
DCPC genotypic algorithm is also compared with the BB algorithm used 
in the IS-95 and the W-CDMA systems. The simulation results indicate 
that the proposed EC-DCPC phenotypic and GA-DCPC genotypic al- 
gorithms significantly decrease the mobile terminal power consumption 
compared with the DCPC and BB algorithms, respectively. The calcu- 
lation results show that our proposed EC-DCPC phenotypic and GA- 
DCPC genotypic algorithms also have a high potential advantage for 
increasing the CDMA cellular radio network capacity. 



1 Introduction 

Effectively centralized and distributed transmitter power controls in network 
levels should be essential and important for high-capacity cellular radio com- 
munication systems Pli|. In special, the power control (PC) should be one 
direct solution for the near-far problem existing in a direct sequence (DS) code 
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division multiple access (CDMA) system. In recent, many researchers have in- 
vestigated a wide variety of power control algorithms from different viewpoints 
nin The optimization and calculation speed of power control algorithms are 
one of the most important role in a given power control algorithm. A preferable 
power control algorithm should quickly and distributively converge to the state 
of solutions, where the feasible system supports as many users as possible m- 
Modeling and designing such the feasible power control algorithms using genetic 
algorithms are the topic of this research paper. 

This paper has proposed the new distributed power control algorithms that 
use two evolutionary computation (EC) or genetic algorithm (GA) techniques in 
order to solve linear systems of equations AP = B for power update in CDMA 
cellular radio systems [Tnjpnj-pi]. Our proposed algorithms are also different 
from the currently existing first- and second-order distributed power control al- 
gorithms for power update, these algorithms should have required power levels 
of deterministic iterations H2IIISI. The proposed algorithms, based on stochas- 
tic iterations used in genetic algorithms, are modeled on applying evolutionary 
computation algorithms with the phenotypic and genotypic views to the power 
control problem in the DS-CDMA system. The major gain from the applied evo- 
lutionary computation algorithms is more rapid optimization on linear systems 
of equations compared with the simple genetic algorithm (SGA) • 

2 Cellular CDMA Distributed 

and Constrained Power Control System Models 

2.1 Distributed Power Control Model 

We have only considered an uplink (i.e., reverse link) of a cellular CDMA system 
lain!. The mobile terminals of M are active status in the system. We should 
only consider the snapshot analysis at a time instant. It means that the link 
gain between every base station of i and every mobile terminal of j is stationary 
and is given by the link gain matrix component of Gij as shown in Figure ^ 
We can assume that the mobile terminal of i is communicating with the base 
station of i. In any CDMA system, many mobile terminals will simultaneously 
communicate with the same base station through the same frequency channel. 
If the mobile terminals of i and j are assigned to the same base station, thus, 
the base stations of i and j may denote the physically same base station. 

The received interference plus noise power is A at the receiver of * as follows 

M 

h = CjGyPij -I- Ni (1) 

where A is the thermal noise at the receiver of i, Pj is the transmission power 
at the mobile terminal of j, and C'ij is the normalized cross-correlation factor 
between the signals from the transmitters of i and j at the receiver of i nni. 
The factor is Gij = 1 for i ^ j and Gij = 0 for i = j. We assume that each 
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Cell Phone 

Fig. 1. The gain of the DS-CDMA link between mobile terminals and base stations. 



mobile should achieve a received signal-to-interference-plus-noise ratio (SINK) 
or carrier-to-interference ratio (CIR) of Ri as follows 







( 2 ) 



where i = 1, 2, 3, • • • , M. The above Equation (0) means a minimum requirement 
for the mobile terminal of i in order to success communications such that Ri 
should be not less than Tj, where R is a minimum target SINK or CIR ratio. 
In order to make useful and mathematical equations using matrix and vector 
notations, we also define Hij and Bi as follows 



and 



TT _ 
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B, = 



R,N, 

Gu 



( 3 ) 

( 4 ) 



Then, we have the power control problem AP = B, where A = I — H, H = [Hij], 
B = [Bi], and P = [Pi] denotes the power level vector In this paper, we 
focus on the case in which the above power control problem has a unique solution 
of a positive power level vector P*. 



2.2 Constrained Power Control Model 

Since the transmission power of a mobile terminal of i has the limited power levels 
such as P™*" < Pi < and the power levels has discrete-value characteris- 

tics in the practical mobile terminal systems, we should consider the constraint 
condition on the transmission power of Pi as follows 
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( 5 ) 

where Pi has the power levels of k and P/ and P^ describe the minimum and 
maximum transmission power levels of the mobile terminal of i, respectively 

Qnni. 



2.3 IS-95 and W-CDMA Systems Power Control Model 

The bang-bang (BB) algorithm in the IS-95 and W-CDMA systems is used as a 
reference algorithm usmunni. In this algorithm power is updated as follows 



PP'^^ = min 



T- 

1- pn pn 



for n = 0, 1, 2, 



( 6 ) 



where P” denotes the received SINK of the mobile terminal of i at the itera- 
tion of n, Ti is the minimum target SINK as shown in Equation (0, and P™ 
describes the maximum power of the mobile terminal of i in Equation The 
power should be updated in the continuous domain in the bang-bang algorithm. 
Therefore, the power is needed to modify to a discrete-version in order to com- 
pare to our algorithm under the same situation. For this modification, the closest 
one with calculated power value in the fixed discrete power values is determined 
as the current power. 



3 Proposed Power Control Algorithms 
Using Evolntionary Computation 

3.1 Phenotypic View 

The theoretical roots of most of all power control algorithms, including our 
proposed algorithm, can be found in numerical analysis based on linear algebra 
m- Therefore, we can also consider the power control problem as linear systems 
of equations AP = B derived from the signal-to-interference-plus-noise ratio 
(SINK) constraint on mobile terminals. The goal of finding and searching the 
power level vector P would be very similar to minimize the norm ||B — AP|| 
mm- The most basic scheme starts with an arbitrary initial power level vector 
Pi and varies it systematically until an feasible solution Pf is discovered using 
evolutionary computation (EC) algorithms [1 Bj 

The population size has set to 190 parents (i.e., mobile terminals), each parent 
generating a single offspring. The selection mechanism has been performed using 
conventional tournament in randomly genetic mutation operations m where 
each solution has competed against 10 other solutions chosen at random from 
the population. We have only used a genetic mutation operator in order to 
generate offsprings, whose operator can be simultaneously employed to certain 
components of an power level vector P. The mutation operator is related to a 
monotone function of the distance between the true solution and the candidate 
vector m- The optimum probability of mutation is 1/M, where M is mobile 
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terminals. Several different means for adjusting components of a candidate power 
level vector P are offered IE], the amount by which Pi at the mobile 

terminal of i is altered or changed being determined as follows 

-7EC 

Of^=^\\B-AV\\ (7) 

where is a uniform random number between 0 to 1. The mutation operator 
of Of^ of EC algorithms has changed and updated a component of power level 
vector P, without any GA coding process, whose component is Pt. 

The proposed phenotypic algorithm includes the simultaneous mutation of 
every gene in a candidate solution of power levels. Computational experiments 
indicate that a change in perspective to a phenotypic view PEI, where all the 
genes change at once, can lead to more rapid optimization on linear systems of 
equations in order to solve distributed power control problems in CDMA cellular 
radio systems. 



3.2 Genotypic View 

A power level value is an individual as a potential solution for the power control 
problem. A set of these power level values should become a population. In order 
to represent a power level value of a user as an individual with a specific gene, we 
should transform or code all power level values into binary numbers or strings 
mm, while the values should also satisfy the constraint condition of Equation 
®. Each mobile terminal updates iteratively and distributively its power level 
within the discrete power levels of k as shown in Equation ©. The power levels 
of each mobile terminal of i constitute one population of Pi. Therefore, if the 
number of mobiles is M, there are M groups of population. 

The evaluation function of determines the fitness of potential solutions. 
The following evaluation function about the mobile terminal of i is used in order 
to support systems as many mobiles as possible. The value of Df^ means an 
absolute difference between fy and Ri, where Df^ = \Ri~Ti\ is calculated from 
the both sides of Equation ©• The better individual has the lowest fitness value, 
because the lowest fitness is imposed as Df^ or the power level becomes smaller. 
In order to search for various and good individuals efficiently, the evaluation 
function with three slopes or inclines should be used as follows 

r P, + [Df for Df ^ < 1 

pGA = J + [2 _ (dP)- 1] for 1 < Df^ < R, (8) 

\r + [R^ - -^] for Df^ > R, 

where means the evaluation function with a given value of Pi in the fitness 
value. As shown in Equation Q, the individual can be variously selected in the 
interval, where good solutions may exist in the interval of the steep slope of the 
function and in the lower fitness values on this interval. On the other hand, the 
individual can be less selected in the interval, where good solutions may not 
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exist in the interval of smoother slope of the function and in the higher fitness 
values. 

It is important to make a genetic operator in order to transmit good genetic 
characteristics of parents to their offsprings. In this genotypic view, the 2-point 
crossover operator, which is usually used in evolutionary algorithms 1201 IS], is 
employed as follows 

1. Two crossover points are randomly selected in both parents. 

2. The elements in the fore and back parts of the two crossover points in one 
parent of PI are copied into an offspring in the same position as they appear 
in PI. 

3. And then, the elements between the two crossover points in the other parent 
of P2 are copied into an offspring in the same position as they appear in P2. 

4. The other offspring can be created by switching the roles of the two parents. 

In evolutionary algorithms, a mutation operator acts on a single parent and 
produces an offspring by introducing small changes in order to ensure the di- 
versity of potential solutions and to prevent a premature convergence to local 
optima pnjpn]. In this genotypic view, however, the mutation is not used for 
the purpose of simplifying algorithm. The method of localized neighborhood in- 
teractions, which will be explained later, is used to promote diversity and search 
efficiency instead of the mutation operator. 

Let be the parents of i user in the current generation of t. In the evo- 

lutionary process, maintaining diverse populations should be necessary for the 
long-term success of any evolutionary algorithm. A genetic algorithm (GA) with 
a diverse population can continue utilizing recombination in order to produce 
a new structure, and thus can avoid becoming trapped at local optima EH] ESI- 
In order to promote diversity and search efficiency, in this genotypic view, we 
have modeled and designed the evolutionary system that is based on the local- 
ized neighborhood interactions within populations. Therefore, the neighborhood 
area of at the current generation of t should be a set. The roulette wheel 

method based on the fitness, i.e., the better individual has the larger survival 
probability in the next generation, is used for the selection of parents and indi- 
viduals for replacement EOlEa. ivP(ty is selected for the reproduction process 
according to the fitness in and the new offspring of Cf^{t) in the cur- 

rent generation of t is created by applying the genetic operation for 
according to the crossover rate. When is replaced with the 

elite individual should be not replaced during the reproduction process. 

4 Computer Simulation Results 

The DS-CDMA system with 19 base stations using omni-type antennas located 
in the centers of 19 hexagonal cells is used as a computer simulation system ESI- 
For a given time instance, a total of 190 mobile terminals are generated and the 
locations of which are uniformly distributed over the 19 hexagonal cells m- 

We consider the IS-95 and W-CDMA systems specification where 

the spreading bandwidth is 1. 2288MHz and the data transmission rate is 9.6Kbps 
including processing gain 21dB. The link gain Gij is modeled as follows 
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G^, = ( 9 ) 

where Sij is the shadow fading factor and Dij is the distance between the base 
station of i and the mobile terminal of j. The log-normally distributed Sij is 
generated according to a expectation value of E(S'i^)=0dB and to a standard 
deviation value of SD(5y)=8dB. The base station receiver noise is taken to be 
10“^^. The relative maximum mobile terminal power is set to lOOOmW. 

4.1 EC-DCPC Phenotypic Algorithm Simulatio 

The target SINK with tolerance is set to 7.2dB for each mobile terminal. Em- 
ploying the distributed constrained power control (DCPC) as a basic reference 
algorithm 00H2!, we have implemented computational experiments on the DS- 
CDMA system. The simulation results indicate that the proposed EC-DCPC 
phenotypic algorithm significantly enhances the optimization and calculation 
speed of power control compared with the simple genetic algorithm (SGA) j2Dj. 
The computational results show that our proposed EC-DCPC phenotypic al- 
gorithm also has a high potential advantage for decreasing the mobile terminal 
power consumption and increasing the CDMA cellular radio network capacity as 
shown in Figure 0 and 0 12^. The average power of supported mobile terminals 
out of total mobile terminals is used as a performance measure. Figure 0 shows 
the average mobile terminal power changes according to the genetic iteration us- 
ing the proposed EC-DCPC phenotypic algorithm. Figure 0 shows the average 
mobile terminal power according to the iteration using the discrete DCPC basic 
reference algorithm. 

As shown in Figure 0 the average power consumption is about 350mW in 
100 genetic iterations and those consumption power values should be less than 
about 400mW at the target SINK 7.2dB in 50 iterations as shown in Figure0 In 
addition, the average power consumption at the EC-DCPC should be more than 
about 200mW in 200 genetic iterations on the power control using the modified 
SGA 1221 . However, simultaneously multiple mutation operations at the EC- 
DCPC can lead to more rapid optimization on power control linear systems of 
equations compared with optimization using a single mutation operation in the 
SGA E0]|21. 

Therefore, the average power consumption at the EC-DCPC is decreased 
by about 12.5% by comparison with the DCPC. Due to the different iteration 
numbers, the calculation time at the EC-DCPC in order to solve the power 
control linear systems of equations should be larger than that at the DCPC. 
However, the linear systems of equations should be solved in reasonable time. 
This result should be related to the EC-DCPC based on a stochastic search and 
the DCPC based on a deterministic search. 

4.2 GA-DCPC Genotypic Algorithm Simulation 

The two types of simulations are carried out. The first simulation is related to 
test the congestion performance in the DS-CDMA system as shown in Figure 0 
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EC-DCPC Average Mobile Terminal Power vs. Iterations 




Fig. 2. Average mobile terminal power with mW unit at the EC-DCPC phenotypic 
algorithm in 100 genetic iterations. 



DCPC Average Mobile Terminal Power vs. Iterations 




0 50 [Iterations] 

Fig. 3. Average mobile terminal power with mW unit at the DCPC reference algorithm 
in 50 iterations. 



In order to evaluate this, each performance is measured as the number of mobile 
terminals (i.e., users) which are increased to 190, 380, and 570 with the target 
SINK fixed at 8dB. The second simulation is related to compare the perfor- 
mance by increasing the level of communications quality as shown in Figure 0 
Employing the bang-bang (BB) algorithm as a basic reference algorithm, each 
performance is measured as the target SINK is increased to 9dB, lOdB, and 
lldB, when 190 mobiles exist in the DS-CDMA system. The other parameters 
are determined through preliminary experiments as follows 

— Genetic representation: GR = 7 bits, 

— Power level: PL = 2^ = 128, 

— Population size: PS = 100, 

— Neighborhood size: S' = 0.1% of PS, 

— Crossover rate: CR = 0.8, and 

— Termination criteria: TC = 200 generations. 
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Fig. 4. Supportable rate at the upper graphs and power level with W unit at the lower 
graphs with the solid line using the GA-DCPC genotypic algorithm and the dashed 
line using the BB reference algorithm for the fixed target SINK at 8dB. 




Fig. 5. Supportable rate at the upper graphs and power level with W unit at the lower 
graphs with the solid line using the GA-DCPC genotypic algorithm and the dashed 
line using the BB reference algorithm for the various target SINK at 9, 10, and lldB. 
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The supportable rate (Mg/M), the ratio of the number of supported mobile 
terminals (Mg) to that of total mobile terminals (M) at each genetic generation, 
is used as a performance measure. Each simulation has been repeated 100 times 
and then the average of those should be about 200mW as shown in Figure 0 
and|S| which show the results of the first simulation and the second simulation, 
respectively. As shown in Figure 0 and|Sl the upper graph represents the sup- 
portable rate and the lower graph represents the average power level over the 
generations. Accoding to the results, the power levels of the GA-DCPC genotypic 
algorithm are smaller than those of the BB algorithm. The GA-DCPC genotypic 
algorithm outperforms the BB algorithm in terms of the supportable rate. From 
these simulations, it is concluded that the GA-DCPC genotypic algorithm shows 
the better performance than the BB algorithm, when the DS-CDMA system be- 
comes congested and the requirement about the quality of service is increased. 

5 Conclusions and Further Studies 

This paper has proposed distributed power control (PC) algorithms that employ 
two evolutionary computation (EC) or genetic algorithm (GA) techniques in or- 
der to solve linear systems of equations for power update in CDMA cellular radio 
systems. The proposed algorithms are modeled on applying evolutionary compu- 
tation algorithms with the phenotypic and genotypic views to the CDMA power 
control problem. Employing the distributed constrained power control (DCPC) 
and bang-bang (BB) algorithms as the basic reference algorithms, we have im- 
plemented computational experiments on the DS-CDMA system. The proposed 
EC-DCPC phenotypic algorithm is compared with the DCPC algorithm. The 
GA-DCPC genotypic algorithm is also compared with the BB algorithm used in 
the IS-95 and the W-CDMA systems. 

The calculation results show that our proposed EC-DCPC phenotypic and 
GA-DCPC genotypic algorithms also have a high potential advantage for de- 
creasing the mobile terminal power consumption and increasing the CDMA cel- 
lular radio network capacity. The proposed EC-DCPC phenotypic algorithm 
includes the simultaneous mutation genetic operation of every gene in a candi- 
date solution of power level. Simultaneously multiple mutation operations at the 
EC-DCPC can lead to more rapid optimization on power control linear systems 
of equations compared with optimization using a single mutation operation in 
the SGA. 

From computer simulation results, it is concluded that the EC-DCPC phe- 
notypic and GA-DCPC genotypic algorithms show the better performance com- 
pared with the DCPC and BB reference algorithms, respectively, when the DS- 
CDMA system becomes congested and the requirement about the quality of 
service should be increased. Furthermore, our proposed algorithms are fully dis- 
tributed power control in that each mobile terminal can update its power without 
any communication with the other mobiles. 

In this paper, we can not attempt to compare the EC-DCPC with the GA- 
DCPC directly due to each other different simulation condition. However, this 
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research should be the fundamental basis of another advanced research for trans- 
mission rate scheduling using evolutionary computation algorithms for the non- 
real-time (NRT) data in a cellular CDMA system. We will also try to apply the 
game theory using genetic algorithms to another CDMA power control and NRT 
data transmission rate scheduling problems. 
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Abstract. Existing on-demand routing algorithms for mobile ad hoc networks 
such as DSR (dynamic source routing) and AODV (ad hoc on-demand distance 
vector) routing do not consider maintenance of established paths. So after a link 
failure is detected, the path discovery operation is triggered. This causes delay 
and jitter to packets delivered. To address this problem, the recovery action is 
triggered early in preemptive route maintenance by detecting that a link is likely 
to break soon and it finds an alternative path in advance. However, broadcasting 
RREQs (Route Requests) to find an alternate good path can degrade the per- 
formance of mobile ad hoc networks where topology changes frequently. [3] A 
new proactive scheme is proposed to enhance performance of preemptive route 
maintenance for AODV. In the proposed idea, nodes adjacent to destination 
generate GREPs (gratuitous replies) to build extended sub-paths to source and 
the generated GREPs are forwarded by the “greedy forwarding” strategy using 
knowledge of position information of neighbors and source. The simulation re- 
sults prove that our idea is more efficient than PAODV (AODV with preemp- 
tive route maintenance) in terms of number of broken links, packet delivery 
fraction, and routing load. 



1 Introduction 

Various routing algorithms for MANET (Mobile Ad hoc Networks) have been pro- 
posed. These can be broadly categorized into table-driven (proactive) and on-demand 
protocols. Table-driven algorithms including Destination-Sequenced Distance Vector 
(DSDV) [7], and WRP (Wireless Routing Protocol) [11] maintain routing information 
about the available paths in the network even if these paths are not currently used. So 
the maintenance of unused paths may occupy a significant part of the available band- 
width if the topology of the network changes frequently. On the other hand, on- 
demand algorithms initiate route discovery operation only when source nodes have 
packets to send. By doing so, on-demand protocols require less overhead than table- 
driven ones. However, delay and overheads caused by route discovery operation of 
on-demand protocols are still undesirable drawbacks as topology of the network 
changes and paths being used are broken frequently. Moreover, path discovery opera- 
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tion is triggered after a link failure is detected. This causes delay and jitter to packets 
delivered. To address the problem, in the preemptive route maintenance scheme the 
recovery action is triggered early by detecting that a link is likely to break soon and it 
finds an alternative path [3]. However, preemptive route maintenance by broadcasting 
RREQs to find an alternate good path can degrade performance of total networks in 
terms of throughput, and end-to-end delay as network topology changes frequently 
and traffic flows increase. In section 2, we describe AODV and the preemptive route 
maintenance scheme [3] in more detail. 



2 AODV and Preemptive Route Maintenance 

2.1 AODV 

AODV is improvement on DSDV (destination sequenced distance vector) routing [7] 
because it typically minimizes the number of required broadcasts by creating routes 
on-demand basis, as opposed to maintaining a complete list of routes as in the DSDV 
algorithm. Route discovery operation of AODV is as follows. 

When a source node wants to send a packet to some destination node and does not 
have a valid route to that destination, it initiates a path discovery process to locate the 
destination. It broadcasts a RREQ (route request) packet to its neighbors, which for- 
ward the request to their neighbors, and the process repeats until the destination is 
located or an intermediate node with a “fresh enough” route to the destination is lo- 
cated. During the process of forwarding the RREQ, intermediate nodes can establish a 
reverse path. When the RREQ has reached the destination or an intermediate node 
with a “fresh enough” route, the destination/intermediate node responds by unicasting 
a RREP (route reply) packet back to the neighbor from which it first received the 
RREQ. As the RREP is routed back along the reverse path, nodes along this path set 
up forward route entries in their route tables that point to the node from which the 
RREP came. Then, the source node can send its packets to the destination via the es- 
tablished path. Whole specification of AODV is found in IETF MANET working 
group [9]. 

2.2 Preemptive Route Maintenance 

In existing on-demand ad-hoc routing algorithms, an alternative path is searched after 
a link failure along the active path occurs. According to IEEE 802.11 standard, 3 
MAC layer retransmissions are required to detect the failure [8]. This can cause seri- 
ous delay and jitter. 

The preemptive route maintenance initiates path discovery action early by detect- 
ing that a link is likely to break soon and finds and uses an alternative path before the 
cost of a link failure is incurred. Thus, the algorithm maintains connectivity by pre- 
emptively switching to a “higher quality” path when the quality of a path in use be- 
comes suspect. 

A critical component of the scheme is determining when path quality is no longer 
acceptable. Authors define the path quality as a function of the signal strength of re- 
ceived packets with the number of hops. 

The preemptive warning is generated when the signal power of a received packet 
drops below a preemptive threshold. This value is critical to the efficiency of the 
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scheme. If the value is too low, there will not be sufficient time to discover an alterna- 
tive path before the path breaks. If the value is too high, the warning is generated too 
early with negative side effects including unnecessary discoveries. 

The authors define the preemptive ratio as 

P ~ ^threshold I Prange. 

Pr^g^is the power at the maximum transmission range. The authors show that some 
optimal values as the threshold value exist through scenario-based simulations. 
However, preemptive route maintenance by broadcasting RREQs to find an alternate 
good path can degrade performance of total networks in terms of throughput, and end- 
to-end delay as network topology changes frequently and traffic flows increase. 



3 Proposed Scheme 

In our scheme, the node generating a preemptive warning is involved in setup of an 
alternate path by sending GREPs (Gratuitous Route Replies). Fig. 1 shows an exam- 
ple scenario to describe the operation of our scheme. 




Fig. 1. Alternative path discovery of the proposed scheme. We assume that one path (1 -2-3-4- 
S-6-7-8-9) from node 1 to node 9 is already established and the links between node 2 and 3, 
between node 6 and 7 are about to be disconnected. So these links are drawn as dashed lines. 
Solid or dashed lines mean that one node of any pair connected by the lines is reachable by the 
other node of the same pair and knows the other node as a neighbor. 

When node 3 and 7 receive data packets with sub-threshold signal strength, they 
send preemptive warnings called APT (Alternative Path Trigger) to node 2, 6 in the 
same manner as [3]. At the same time node 3 and 7 create the reply-state for this ses- 
sion and then begin to send GREPs for the destination node 9. In this example, only 
node 7 sends a GREP because node 3 has no choice except node 2 according to 
greedy forwarding [4]. A GREP from node 7 is forwarded to node 12 by node 13 and 
then to node 11 by node 12 toward the source node if possible. On the other hand, in 
node 2, 6, alternative path discovery is initiated by the APT message from node 3, 6 
respectively. Node 2 broadcasts a RREQ. Then neighbors except node 3 broadcast 
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RREQ received from node 2. Node 3 discards the RREQ since it is delivered over the 
weak link from node 2 to node 3. As for the RREQ generated hy node 6, neighbors 
but node 7 forward it. 

According to the order of each alternative path triggering for two links, there are 
two cases. In first case, alternative path discovery operation due to the link from node 
6 to node 7 is triggered early enough to build an extended sub-path to some near node, 
i.e. node 11 or node 12 from node 2. Eig. 2 shows the sequence diagram of proposed 
scheme of this case. 




Fig. 2. Sequence diagram: case 1. After a sub-path (12-13-7) is established by forwarding the 
GREP generated by node 7, an RREQ broadcasted by node 2 arrives node 12. Since the sub- 
path can lead to destination node 9, node 12 sends a valid RREP to reply the RREQ. The RREP 
from node 12 is forwarded to node 2 and finally node 2 can update its route table using the 
RREP 

Our scheme has two effects. Eirstly, delay taken to find an alternative path can be 
reduced. Secondly, network overhead caused by broadcasting RREQs can be reduced. 
If suitable route information is already in the near of the originator of the ARREQ, 
broadcasting area can be limited and network overhead can be reduced. In the best 
case, a GREP from node 7 can arrive at node 2 even before alternative path discovery 
is triggered by node 2 so that node 2 obtains better route information for node 9 in 
terms of hop count. 

We deal with the second case in section 3.3. 

Our idea consists of two parts: 1) to build sub-paths by GREPs and 2) to discover 
alternative paths by issuing RREQs. We describe each part in the following sections. 



3.1 Building Extended Sub-paths toward Source Nodes by GREPs 

We assume that every node can know its position by any means and every data packet 
as well as every hello packet has position information about the originating node. 
When a node receives a packet with signal strength below a preemptive threshold, it 
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sends the APT message to the previous hop to trigger preemptive path discovery. And 
the node creates reply-scb (session control block for the reply) state of the session to 
which the packet belongs, inserts it to the list of reply_scbs pointed by the corre- 
sponding route entry and position of the source of the packet is also recorded and 
maintained in the separate list of positions of source nodes called src_pos_list. 

While a reply-state is valid, a node sends GREPs to the closest neighbor to the 
source node of the cared flow periodically and then the GREPs are forwarded by in- 
termediate nodes in the same manner as greedy forwarding of GPSR (Greedy Perime- 
ter Stateless Routing) [4] as long as their ttl are above zero and they do not reach the 
source of corresponding flow. If no neighbor except previous node can be chosen as a 
forwarding target, the routing table in the current node is looked up for the source. As 
GREPs are forwarded towards source nodes in this way, extended sub-paths are built. 
Upstream nodes that are relatively close to the sources can establish alternative paths 
fast by using these sub-paths. 



3.2 Management of Extended Sub-paths 

As GREPs are forwarded, extended sub-paths are established and maintained proac- 
tively. Each node on sub-paths creates a new corresponding EX_PATH state or up- 
dates the existing state to maintain the sub-paths. Each EX_PATH state has 2 pointers 
called prev_node and next_node. During lifetime of an EX_PATH state that is rela- 
tively shorter than active or reverse path, periodic EXP_HELLO (extended path hello) 
messages are sent to prev_node. If link layer reports a link failure delivering an 
EXP_HELLO, sending node considers this extended path as broken. Then, if current 
node is not on any active paths, RERR messages are sent to next_node of valid 
EX_PATH states of the corresponding route entry. And the node deletes the route 
entry as well as all EX_PATH states of the route entry. However, if this node is on 
any active paths, the node sends EXP_ERR messages to next_node of valid 
EX_PATH states of the route entry to notify corresponding extended paths are bro- 
ken. Then, the node deletes only EX_PATH states. Pseudo code of management of an 
EX_PATH state is as follows. 

Pseudo code of maintenance of an EX_PATH. 

While (life time of the EX_PATH is not expired) 

{ 

// The LL reports down_link of the EX_PATH breaks 
if ( send_EXP_HELLO (prev_node of EX_PATH) == failure) 

{ 

if (find valid pre cursors (dst of EX_PATH) == null) 
// send RERRs to the next_node of all valid EX_PATHs 
rt_down ( ) ; 
else 
{ 

// to the next_node of the EX_PATH 
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send_EXP_ERR ( ) ; 
delete the EX_PATH; 

} 

break; 

} 

wait (Period of EX_HELLO) ; 

} 




Fig. 3. Setup and maintenance of an extended sub-path: a) after first GREP from node 5 arrives 
node 9, b) after second GREP from node 5 arrives node 10, c) after failure of link from node 8 
to 7 is detected by Ex_Path_Hello of node 8 



Fig. 3 illustrates setup and maintenance of an extended path. After a GREP from 
node 5 is forwarded to node 9, an extended path is established as Fig. 3 a. Then, after 
some period time, a new GREP is sent and forwarded to node 10 instead of node 9 
due to topology change as Fig. 3 b. Since node 8 knows that the next_node of the cor- 
responding EXP_PATH state is changed from node 9 to 10, it sends EXP_ERR to 
node 9 to disable corresponding EXP_PATH of node 9. Let’s assume that the link 
from node 7 to 8 is broken like Fig. 3c. Node 8 detects the link failure by the link 
layer report when it tries to send EXP_HELLO to node 7. Then node 8 sends RERR 
to node 10. In this manner, extended paths are maintained adaptively to change of 
network topology. 



3.3 APREQ (Alternative Path Request) and DREP (Delayed Reply) 

In addition to the GREP, we define a modified RREQ called APREQ message for 
nodes to create and manage a simple forwarding table called FTABLE. FTABLE en- 
ables originators of APREQs to request DREPs (delayed reply) that respond to 
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APREQs received in the near past. The reason we devised this scheme is that delays 
taken to find alternative paths can he reduced by utilizing GREPs which arrive a little 
bit later than APREQs at the same node and convey corresponding route information 
since broadcasting is unreliable and AODV limits the rate of broadcasting RREQs at 
the same node. To show the effect of this scheme, we take the second case that is 
mentioned at the beginning of section 3 as an example. 




Fig. 4. Sequence diagram: case 2 

Eig 4 shows the sequence diagram of this case. In this case, we assume that an 
APREQ from node 2 arrives node 12 and the APREQ broadcasted by node 12 is not 
successfully received by node 13 because of the unreliability of air interface. And a 
little bit later, a GREP from 7 arrives node 12 successfully. If node 12, 11 have the 
position information of node 11 and 2 respectively, the GREP can be forwarded to 
node 2 through node 1 1 and node 2 can update its route entry for node 9. If not, node 
12 cannot forward the GREP and alternative path discovery may fail. But, since node 
12 has already a corresponding entry for destination node 9 in FT ABLE, node 12 can 
send a delayed reply to node 2 immediately and node 2 can update its route entry for 
node 9. 

We insert the hop count to destination, dst_hops field in APREQs to prevent rout- 
ing loop and not to allow nodes to generate RREPs that inform longer paths than cur- 
rent ones. By doing this we can reduce network overheads. 



3.4 Leveraging Another Path with the Same Destination 

The proposed scheme extends an active path for the preemptive route maintenance of 
the same path. But it is also possible to extend another path with the same destination 
if the path is “fresher” or better in terms of hop count than the cared path. In fig 5, two 
paths exist; from node 1 to 10, from node 12 to 10. Let’s assume the path from node 
12 to 10 is at least as recently built as the other. Although path extension starts from 
node 7, actual extended path includes just node 13 and 12 because node 12 already 
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has better route information for node 10 in terms of hop count. Thus, our scheme can 
also perform efficient preemptive route maintenance when multiple paths with the 
same destination exist. 




Fig. 5. Preemptive route maintenance using another path with same destination 



4 Simulation 

We experimented our scheme by using NS-2 (UCB/LBNL network simulator) [5] 
with Monarch extension [6]. We implemented our scheme (GPAODV) and the pre- 
emptive routing scheme (PAODV) by extending AODV in NS-2 version 2.1b8a. Our 
implementation of PAODV is not exactly same as [3]. We abbreviate the authors’ 
some optimization schemes to address channel fading and other transient interfer- 
ences as well as to avoid triggering alternative path discovery unnecessarily. 

We consider scenarios with a set of 100 nodes in an area of 1200 meters by 1200 
meters. The mobility model uses the random waypoint model [10] in a square field. 
We used 2 CBR connection patterns: 20 flows with 15 sources, 40 flows with 28 
sources. Packet rate is respectively 3, and 2 packets/s. Packet size is 512 bytes. Simu- 
lation time is 600 seconds. And three mobility scenarios were considered: (i) high 
mobility with low speed (maximum node speed lOm/s, pause time = 0 second), (ii) 
high mobility with high speed (maximum node speed 20 m/s, pause time = 0 second) 
and (iii) low mobility with high speed (maximum node speed 20 m/s, pause time = 30 
seconds). The reason we consider the third mobility scenario is that PAODV and 
GPAODV seem to have no effect on or degrade the performance of whole network 
because of its unnecessary preemptive route maintenance in the low mobility condi- 
tion. We generate four cases by the combination of connection patterns and mobility 
scenarios: 

- Case 1: 20 flows, high mobility with high speed 

- Case 2: 20 flows, high mobility with low speed 

- Case 3: 40 flows, high mobility with high speed 

- Case 4: 40 flows, low mobility with high speed 
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The performance evaluation is based on the comparison of following metrics. 

- Normalized number of broken links: the number of signals sent to the routing layer 
when the MAC layer fails to deliver a data packet to the next hop relative to that of 
AODV. 

- Packet delivery fraction: the ratio of the data packets delivered to the destinations 
to those generated by the CBR sources. 

- Normalized routing load: the number of routing packets transmitted per data packet 
delivered to the destination. We do not count hello messages as routing load since 
these messages are broadcasted periodically regardless of data traffics. 

- Overall average end-to-end delay. 



Case 1: 20 flows, high mohility with high speed (Fig. 6) 

Fig. 6. a shows that our scheme and PAODV significantly reduce the number of bro- 
ken links and GPAODV is more efficient than PAODV in terms of the number of 
broken links. In case of PAODV, reduction rate is at most about 26 % at p-ratio (pre- 
emptive ratio) of 1.05. In case of GPAODV, reduction rate is about 34.4 % at the 
same p-ratio. Although both approaches reduce broken links, the normalized routing 
load of PAODV is more than that of AODV while routing load of GPAODV is less 
than that of AODV at p-ratio of 1.03. This means that in PAODV, routing load 
(mainly RREQs) caused by preemptive route maintenance exceeds reduced routing 
load due to the reduction of broken links. However, GPAODV shows better perform- 
ance at p-ratio of 1.03 than AODV in terms of routing load as well as packet delivery 
fraction. Thus, GPAODV is more efficient than PAODV. 
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Fig. 6.a. Normalized number of broken links (20 flows) 
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Fig. 6.b. Packet delivery fraction (20 flows) 




1.02 1.04 1.06 1.08 1.10 1.12 1.14 1.16 

p-ratio 

Fig. 6.C. Normalized number of routing load (20 flows) 

Case 2: 20 flows, high mohility with low speed (Fig. 6) 

Since nodes move slower relatively to case 1, PAODV and GPAODV show better 
performance. The reduction rates are bigger than those of case 1. This is due to rela- 
tively slower speed. Although both approaches are more efficient than AODV in 
terms of the number of broken links and packet delivery fraction, the normalized rout- 
ing load of PAODV is more than that of AODV, while routing load of GPAODV is 
less than that of AODV at no more than 1.05 p-ratio. This shows the preemptive route 
maintenance of GPAODV is more efficient than that of PAODV. 
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p-ratio 

Fig. 6.d. Average end-to-end delay (20 flows) 
Fig. 6. Case 1 and 2: 20 flows 



Case 3: 40 flows, high mohility with high speed (Fig. 7) 

Although packet rate is decreased from 3 to 2, network load increases by 33 % be- 
cause of increase of the number of flows. So collision and contention significantly 
degrade the performance of whole network. In such severe situation, PAODV reduces 
the number of broken links by 17 % at p-ratio of 1.07 and GPAODV reduces by 17.1 
% at the same p-ratio. The preemptive route maintenance of PAODV has desirable 
effects (reduced number of broken links, better packet delivery fraction and lower 
routing load) at p-ratio of 1.07 and that of GPAODV does at p-ratio of 1.03 and 1.11. 
At these p-ratio values, GPAODV is better than PAODV in terms of routing load, 
while PAODV is better than GPAODV in terms of broken links. Also, in terms of 
packet delivery fraction, GPAODV is slightly better than PAODV as well as AODV. 
Thus, overall performance of GPAODV is more efficient than PAODV. 



Case 4: 40 flows, low mobility with high speed (Fig. 7) 

In this case, PAODV and GPAODV show lower performance in terms of reduction of 
broken links compared with case 3. In case of PAODV, the reduction rate is 3 % at p- 
ratio of 1.07. In case of GPAODV, the reduction rate is 4.7 % at p-ratio of 1.07. The 
reason is that for PAODV and GPAODV, the prediction for link failures is so poor in 
the low mobility scenario where alternative path discovery may be triggered too early. 
In case of PAODV, reduction of the number of broken links has little effect on the 
packet delivery rate. 
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Fig. 7.a. Normalized number of broken links (40 flows) 
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Fig. 7.b. Packet delivery fraction (40 flows) 



However, in case of GPAODV, its preemptive route maintenance has desirable ef- 
fects on the performance in 1.05 <= p-ratio <= 1.07. Packet delivery fraction of 
GPAODV is 2.8 % better than that of AODV at p-ratio of 1.07. Since the forwarding 
decision of GREPs in GPAODV is based on the position information of neighboring 
nodes and the period of hello messages (= 1 second) is shorter than pause time (= 30 
seconds), the effect of extended sub-paths increases further. 
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Fig. 7.d. Average end-to-end delay (40 flows) 
Fig. 7. Case 3 and 4: 40 flows 



5 Conclusion 

In this paper, we propose a proactive scheme to enhance the performance of the pre- 
emptive route maintenance for AODV. Our idea is to build extended sub-paths toward 
source nodes using position information of them, and reduce delay and overhead of 
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alternative path discovery operation by using these sub-paths. We compared AODV, 
PAODV, and GPAODV through scenario-based simulation works in terms of packet 
delivery, number of broken links, overheads and overall average end-to-end delay. 

From the simulation results, our preemptive route maintenance shows better per- 
formance than PAODV. Moreover, in the fourth case (low mobility), our scheme has 
desirable effect on the performance while PAODV does not. Thus, we argue that our 
scheme is more efficient than PAODV, even though it introduces new control packets 
including APT, GREP, EXP_HELLO, and EXP_ERR. 



Acknowledgement 

This work was supported in part by the KOSEF through its ERG program. 



References 

1. D. Johnson and D. A. Maltz, “Dynamic source routing in ad hoc wireless networks," in 
Mobile Computing (T. Imielinski and H. Korth, eds.), Kluwere Academic Publishers, 
1994. 

2. C. E. Perkins and E. M. Royer, “Ad-hoc on demand distance vector routing," in IEEE 
Work-shop on Mobile Computing Systems and Applications (WMCSA), February 1999. 

3. Tom Goff , Nael B. Abu-Ghazaleh , Dhananjay S. Phatak , Ridvan Kahvecioglu, “Preemp- 
tive Routing in Ad Hoc Networks”, The seventh annual international conference on Mo- 
bile computing and networking 2001 July 2001 

4. B. Karp and H. T. Rung, “GPSR: Greedy perimeter stateless routing for wireless net- 
works," in Annual International Conference on Mobile Computing and Networking 
(MOBICOM), August 2000. 

5. UCB/LBNLWINT Network Simulator, web-site http://www-mash.CS.Berkeley.EDU/ns. 

6. NS-2 with Wireless and Mobility Extensions, available via web-site 
http://www.monarch.cs.cmu.edu. 

7. C. Perkins and P. Bhagwat, Highly dynamic destination sequenced distance vector routing 
(DSDV) for mobile computers, ACM SIGCOMM, (October 1994). 

8. WaveL AN/PCMCIA Card User’s Guide - Lucent Technologies. 

9. IETF MANET Working Group, 

10. web-site http://www.ietf.org/html.charters/manet-charter.html 

11. J. Broch et al., “A Performance Comparison of Multihop Wireless Ad Hoc Network Rout- 
ing Protocols,” Proc. lEEE/ACM MOBICOM ’98, Oct. 1998, pp. 85-97. 

12. S. Murthy and J.J. Garcia-Luna-Aceves, “An Efficient Routing Protocol for Wireless 
Networks”, ACM Mobile Networks and App. J., Special Issue on Routing in Mobile 
Communication Networks, Oct. 1996, pp. 183-197. 




Performance Analysis of Snoop TCP 
with Freezing Agent 
over cdma2000 Networks 



Sang Hee Lee^, Hong Gu Ahn^, Jae Sung Lim^, 

Seung Hwan Kwak^, and Sung Kim^ 

^ The Graduate School of Information and Communication, Ajou University 
San 5, Wonchon-dong, Paldal-gu, Suwon 442-749, Korea 
{dreami .piriboy , jaslim}@aj ou. ac .kr 
^ Network RD center, SK Telecom 
729-1, Bongchonl-dong, Kwanak-gu, Seoul 150-051, Korea 
{kwaksh,kims}@sktelecom. com 



Abstract. The standard TCP which is originally devised to perform 
congestion control mechanism does not work well in wireless networks 
since the wireless links produce significant non-congestion related packet 
losses due to fading and handoff. In this paper, to improve the TCP per- 
formance over cdma 2000 wireless networks, we propose an architecture 
with a wireless TCP server and a wireless TCP mechanism that applies 
a freezing with Snoop protocol. Through computer simulations carried 
by NS-2 network simulator, it is shown that the snoop function yields 
significant improvement under the proposed system architecture and the 
freezing mechanism prevents timeout which causes an unnecessary con- 
gestion control. 



1 Introduction 

Technology advances in wireless communications have created new opportuni- 
ties for wireless data communication. In the wireless network, the transmission 
quality is characterized by bursty errors with high bit error rate (HER) unlike 
randomly occurring errors with low HER in wired network. Hence the design of 
a transmission protocol for a network with wireless links must take into account 
additional packet losses in wireless networks. 

Almost all multimedia services that require reliable transmissions employ the 
TCP as transport layer protocol. Therefore in wireless networks, the use of TCP 
is necessary to support various multimedia services. But, the standard TCP such 
as TCP-Reno is not a suitable mechanism for the wireless networks. Because the 
standard TCP was developed for wired networks, it performs the congestion 
control mechanisms when packet losses happen successively. Accordingly it re- 
sults in the unnecessary congestion control and the performance degradation in 
wireless environments. 

Many TCP mechanisms have been researched and proposed to prevent such 
performance degradation[l-6]. One of these mechanisms is the snoop TCP[2] 
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which is proposed to implement on a BS(base station). So it requires modifying 
the working system such as the cdma2000 network. 

In this paper, we introduce a new server called WTCP server(Wireless TCP 
server) into the cdma2000 network and propose a modified snoop TCP mech- 
anism which is based on a freeze scheme. For the simulations, we build the 
cdma2000 network with the WTCP server using the NS-simulator. 

The rest of this paper is organized as follows. In the next section we re- 
view the most important modifications of TCP to improve TCP performance in 
wireless environment. In section 3, we present the proposed system model and 
the proposed TCP scheme. Then we evaluate system performance by computer 
simulations in Section 4. Finally, concluding remarks are given in Section 5. 



2 Related Works 

In this section, we discuss some protocols that have been proposed to improve 
the performance of TCP over wireless networks. The TCP mechanisms could be 
classified by several ways, but we divide them into two classes; TCP-Aware and 
TCP-Unaware approaches. 

TCP-Aware approaches such as ELN(Explicit Loss Notification) [3] need to 
modify TCP in FH(Fixed Host) or MH(Mobile Host). The ELN defines special 
option called ELN bit in TCP ACKs. When a packet is dropped on wireless 
networks, a cumulative acknowledgement due to the lost packet is marked to 
identify what the loss occurred in wireless link. 

The TCP-Unaware approaches use new software module or mechanism to 
distinguish packet loss in wireless link from that in wired link. These approaches 
do not modify TCP in FH and MH and it just change the BS. Typical examples 
are Snoop and Indirect-TCP[4]. 

The Indiret-TCP protocol is implemented in the BS. The protocol splits a 
TCP connection between FH and MH into two separate connections and hides 
TCP from the wireless link by using a protocol optimized for wireless link. How- 
ever, the Indirect-TCP can not maintain end-to-end TCP semantics, and it must 
have large buffers to keep a whole packet which are from the sender. 

The Snoop TCP uses a module which is introduced in the BS. FH and MH 
operate on the standard TCP. When FH sends a packet, the BS stores it in the 
Snoop buffer and forwards to the MH. The buffered packet is for local retrans- 
mission when packet losses in wireless links occur. The Snoop module monitors 
an acknowledgement from the MH and retransmits the packet when duplicated 
ACKs arrive. This is the way that the BS hides the packet loss from the FH by 
not propagating the duplicated ACKs, thereby prevents unnecessary invocations 
of the congestion control mechanisms at the FH[2]. 

Although the Snoop satisfies the end-to-end semantics and it does not modify 
the FH and MH, it needs some modification of the BS. Furthermore, it can make 
some problems in cdma 2000 system, which has the link layer recovery protocol 
called RLP (Radio Link Protocol) and packet scheduling schemes implemented 
at link layer. 
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Fig. 1. Proposed System Model 



3 Snoop TCP with Freezing Agent 

A simplified architecture of a cdma2000 wireless network is shown in Fig.l. The 
BS is connected to a node called the PDSN(Packet Data Service Node) and 
it performs CDMA specific functions such as soft handoffs, encryption, power 
control etc. It also performs link layer retransmission using RLP. The PDSN 
terminates PPP with the MH and forward PPP/IP packet to the BS[7]. 

The BS fragments the packet, which receives from PDSN, into a number of 
radio frames and then performs transmission and local retransmission of these 
radio frames using RLP protocol. It also schedules the radio frames, which is 
received from the PDSN, on the wireless link using a scheduling algorithm. The 
MH receives the radio frames and if it discovers loss of radio frames, it requests 
local retransmission using the RLP protocol. However the RLP can not recover 
wireless packet loss perfectly even through it performs retransmissions repeat- 
edly. Therefore proper TCP mechanisms for wireless networks are needed. 

The proposed WTCP server is located behind the PDSN. A new packet ar- 
rives from the FH, and the WTCP server adds it to its buffer and passes the 
packet onto the MH. The WTCP server also monitors all ACKs sent from the 
MH. When a packet loss is detected, the WTCP server performs local retrans- 
mission of the loss packet to the MH. 

This action of packet retransmission is the same as the Snoop module except 
performing at TCP layer. The WTCP server can maintain the connections with 
several PDSNs and control packets for each PDSN. Hence, it has advantages 
with respect of cost and implementation. The proposed scheme does not need 
the modification of current BSs. 

The M-TCP[5] and the Freeze TCP [6] use the freeze approach. These pro- 
tocols aim at preventing packet losses by disconnection of wireless links. In the 
M-TCP, an intermediate host, called SH(Superior Host), takes care of the dis- 
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connection. When the SH gets ACKs from an MH, it saves the ACK of the last 
byte, in order to prevent loss of outstanding packets. If the MH is disconnected 
from nowhere, then the SH stops getting the ACKs and assumes that the MH 
has been temporarily disconnected and sends the ACKs of the last byte that it 
saved previously. The Freeze-TCP does not require any intermediary and any 
change on the sender side. Instead of intermediate node, the receiver handles the 
task of identifying an imminent disconnection due to potential handoff, fading 
signal strength, or any other problems. Both of them use freezing function when 
the wireless link disconnection is expected. The proposed TCP mechanism in 
this paper, however, takes up freezing to avoid the slow start activation in the 
sender side. When the WTCP server reaches the local retransmission timeout 
threshold, it sends an ACK, which sets the sequence number by the previous 
ACK number and the received window size to zero. 

If the TCP sender receives the ACK with zero window, the TCP sender be- 
comes aware of the fact that the receiver can not accept packets anymore. Con- 
sequently TCP sender stops sending packets temporarily, and waits for arrival of 
a new ACK with available received window number. During this waiting time, 
the TCP senders retransmission timeout timer stops, thereupon the congestion 
window size does not decrease. 

The Snoop TCP mechanism with freezing function obtains outstanding ben- 
efit. Especially, the MH is in the burst error environments and RTTs change 
frequently. The operation of freezing agent on the WTCP server is following. 

Operation of the freezing agent in WTCP server 

IF (packet arrived from FH) 

{ 

Forward packet; 

IF (NEW packet) 

{ 

IF (In sequence) 

Cache packet ; 

ELSE 

Mark as Congestion Loss; 

} 

ELSE 

Reset Rexmit counter; 

} 

IF (ACK arrived from MH) 

{ 

IF (NEW ACK) 

{ 

Free buffer; 

Update RTT ; 

Forward ACK to FH; 

} 
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ELSE IF (Duplicated ACK) 

IF (first duplicated ACK) 
Send lost packet to MH; 
ELSE 

Discard; 

} 

ELSE 

Discard; 

} 

IF (WTCP server’s RTO is expired) 

{ 

Send Freeze ACK to FH; 
Retrcinsmit lost packet to MH; 

} 



4 Performance Analysis 

In order to evaluate the performance of the proposed scheme, we carried out the 
computer simulations using the network simulator NS-2[8]. 

The Fig. 2 shows the simulation network model. The FH is a sender and the 
MH is a receiver. The node 2 is the WTCP server, and it uses Snoop mecha- 
nism which caches packets from the FH and monitors ACKs from the MH. The 
proposed TCP mechanism also works in the WTCP server. 

For the cdma2000 network, we assume that the PDSN makes a random delay 
of packet scheduling from 20ms to 260ms and performs 2-3 RLP mechanism [9] 
between the PDSN and the MH. We also assume that the error in wireless link 
does not happen in reverse link, whereas forward link yields frame errors from 



-ln| x| 




Fig. 2. Ns-2 Simulator 
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Table 1. Simulation Parameters 



Parameters 


Value 


TCP Version 


TCP Reno 


Application 


FTP 


TCP/IP Segment Size 


1500 Bytes 


Wired Link Speed 


260 Kbps 


Wired Link Delay 


50/100/300 ms 


Wireless Link Speed 


9.6/144 Kbps 


Wireless Link Delay 


260 ms 


Max cwnd size 


Unlimited 


Doppler frequency 


0.01, 1.0 


RLP Version 


2-3 RLP 


Error Model 


- Uniform for Random error 

- 2-state Markov model for Burst error 


Simulator 


NS-2.1b8a 


Simulation Time 


600(s) 




1% 3% 5% 10% 



Frame Error Rate 




TCP-Reno(Wired Link Delay = 50ms) 
TCP-Reno(Wired Link Delay = 1 00ms) 
TCP-Reno(Wired Link Delay = 300ms) 
Snoop based(Wired Link Delay = 50ms) 
Snoop based(Wired Link Delay = 100ms) 
Snoop based(Wired Link Delay = 300ms) 



Fig. 3. Transmission rate in burst error environments (Wireless Link Speed= 9.6kbps, 
FdT = 0.01) 



1% to 10%. We consider only one connection between the FH and the MH. The 
performance parameters are average transmission rate and congestion window 
size. 

The Fig. 3 and 4 show the transmission rate in burst error environments. 
The simulation results mean what the Snoop protocol shows better performance 
than the TCP-Reno, when the frame error rate is lower than 5%. However, 
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TCP Reno(Wired Link Delay = 50ms) 
TCP Reno(Wired Link Delay = 100ms) 
TCP Reno(Wired Link Delay = 300ms) 
Snoop based(Wired Link Delay = 50ms) 
Snoop based(Wired Link Delay = 100ms) 
Snoop based) Wired Link Delay = 300ms) 



Fig. 4. Transmission rate in burst error environments (Wireless Link Speed= 144kbps, 
FdT = 0.01) 



the Snoop protocol produces the similar performance with the TCP-Reno when 
the wireless link speed is low such as 9.6kbps. It means that as the bandwidth 
becomes narrow and the FHs maximum window size is reduced. 

That is, the Snoop protocol makes benefits by means of reducing the number 
of congestion control, and it gets to use the channel bandwidth maximally. In 
the Fig. 4, the offered bandwidth is too narrow, so the Snoop protocol can not 
improve the performance. The local retransmission of the Snoop even leads to 
increasing frame error rate because of a long RTT[9]. 

From the Fig. 4, we can see that the transmission rate is improved. It is due 
to a decrease in congestion window by the local retransmission of WTCP server. 
Finally, the Snoop protocol achieves the performance improvement to make the 
best of the given bandwidth. 

The Fig. 5 shows the transmission rate in random error environments. The 
Snoop based WTCP server gets better performance than the TCP-Reno. Espe- 
cially, the Snoop maintains high transmission rate even if FER becomes high, 
whereas the transmission rate of the TCP-Reno is decreased. It is caused by 
that the Snoop protocol performs local retransmission only when two duplicated 
ACKs received or the timeout timer is expired while the standard TCP performs 
the retransmission when three duplicated ACKs arrived in the sender side. If the 
Snoop holds the lost packet, the performance is not influenced by the wired link 
delay. 

The Fig. 6 (a) and (b) show the variation of congestion window size of the 
proposed Snoop TCP with freezing agent under the burst error environment. 
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-TCP Reno(Wired Link Delay = 50ms) 
-TCP Reno(Wired Link Delay = 100ms) 

- TCP Reno( Wired Link Delay = 300ms) 

■ Snoop based(Wired Link Delay = 50ms) 

■ Snoop based(Wired Link Delay = 1 00ms) 

- Snoop basedfWired Link Delay = 300ms) 



Fig. 5. Transmission rate in random error environments (Wireless Link Speed= 




Fig. 6. Variation of congestion window size in burst error environments (Snoop without 
freezing, Wireless Link Speed= 144kbps, FdT = 0.1, PER = 10%) 



The X-axis points the simulation time from 0 to 600 seconds and the Y-axis dis- 
plays the congestion window size. In accordance with these graphs, the proposed 
scheme activates the slow start only once when it start a packet transmission 
while the Snoop without freezing agent leads to the nine times of the slow start. 
Because we do not limit the maximum size of congestion window, the window 
size can grow until 55. The flat part means the long waiting time for receiv- 
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Fig. 7 . Variation of congestion window size in bnrst error environments (Snoop with 
freezing, Wireless Link Speed= 144kbps, FdT = 1.0, FER = 10%) 



ing an ACK, when there is high frame errors such as 10% of the whole packet 
transmission burstly. 

5 Conclusion 

We have proposed a wireless TCP model with a WTCP server and a new TCP 
mechanism to improve the TCP performance over the wireless networks. The 
proposed TCP mechanism is a variant of the Snoop TCP, which works on the 
transport layer with freezing function. 

The simulation results carried out over cdma2000 network show that the 
Snoop makes better efficiency when the wireless link speed is higher than 64kbps. 
On the other side, the proposed scheme accomplishes an improvement of the 
system performance in terms of preventing unnecessary congestion control while 
the MH is staying in bad channel environments. Through computer simulations, 
the proposed mechanism maintains congestion window size higher than 8 and it 
would lead to better performance especially when the RTTs become suddenly 
long. 
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Abstract. An efficient channel scheduler called the EXP/PF algorithm 
is proposed to provide real-time as well as non-real time data services 
demanded by mobile users in an adaptive modulation and coding in time 
division multiplexing (AMC/TDM) system. It is a composite scheduler 
of two scheduling schemes. One is the EXP rule applied to real time 
demanding services to guarantee some delay constraints. The other is 
based on the PF rule with resource controlling factor applied to non-real 
time demanding services for maximizing system throughput. Simulation 
results show that it provides a non-real time user with up to 57.5 % 
larger throughput than conventional one can. 



1 Introduction 

For an efficient data transmission, AMC/TDM systems have been considered 
for 3G wireless mobile data systems. In an AMC/TDM system, the priority for 
transmission is determined by a channel scheduler at every slot. A user with 
the highest priority gets a service out of several data rates according to its 
time-varying channel state. Hence, the service time of each user directly affects 
the system capacity, so that a channel scheduler should be designed to utilize 
channel state of each user. A system capacity (or throughput) is an important 
performance measure in non-real time services such as ftp and e-mail services, 
while transmission delay is the most significant parameter for the performance 
measures in real-time services such as streaming services. 

Some schedulers have been presented for only non-real time services 
or both real-time and non-real time services. When we think about the usage 
pattern of mobile communication, we can expect that the percentage of non-real 
time users could be considerable. Therefore an efficient channel scheduler should 
be designed to reduce transmission delays for the real time services as well as 
maximize the system capacity for the non-real time service users. 

In this paper, an efficient channel scheduler called the EXP /PF algorithm is 
proposed to provide real-time as well as non-real time data services demanded by 
mobile users in an adaptive modulation and coding in time division multiplexing 
(AMC/TDM) system. It is a composite scheduler of two scheduling schemes. One 
is the EXP rule [2| applied to real time demanding services to guarantee some 
delay constraints. The other is based on the PF algorithm Pj with resource 
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controlling factor applied to non-real time demanding services for maximizing 
system throughput. 

Section 2 describes the known channel scheduling algorithms. A new real/ 
non-real time service scheduling algorithm is proposed in section 3. Section 4 
gives simulation environment and results. Finally, we conclude our work in sec- 
tion 5. 



2 Conventional Channel Schednling Algorithms 

In wireless AMC/TDM system, a scheduler should make full use of the chan- 
nel state of each user. Therefore, a wireless scheduler can be called a channel 
scheduler. The channel schedulers include a real time service scheduler and a 
non-real time service scheduler. Basically, the non-real time service scheduler is 
to maximize only system capacity. Hence the performance of a non-real time 
scheduler is of our interest when the traffic rates surpass the channel capacity. 
However, since the real time scheduler should achieve a certain transmission de- 
lay constraint, its performance is of our interest when the total traffic rate is 
within feasible region, i.e., less than the channel capacity 0. 

In this section, the PF and the EXP rule algorithms, which are the conven- 
tional scheduling algorithms for non-real time and real time services respectively, 
are described. The virtual token queue (VTQ) algorithm, which is a real/non-real 
time service scheduling algorithm used in |2j, is also explained. 



2.1 The Proportional Fairness Algorithm 

The Proportional Fairness (PF) algorithm is designed for non-real time services. 
A service user Qpf selected by the PF algorithm can be written as Q 

QpfM = a,Tgma,x{DRCi[n\/Ri[n\) ( 1 ) 

i 

R^[n] = (l- R^[n-1] + ^ ■ DRa[n] ■ 6[Qpf[n] - i] (2) 

where DRCi[n] is the data rate of the ith user at the nth slot and the i5[-] is 
a dirac-delta function. Ri[n] is the average throughput of Ah user during the 
moving window size of about Conventionally the coefficient tc is 1000 PPI 
and the larger value of causes longer starving time of bad channel condition 
user pp. The bad channel user means a user with low DRC compared with its 
average throughput. Even if a user is far from its access point (AP) so that its 
propagation path loss is large, it can be still served as often as the nearer user 
can, since each user’s priority takes its average throughput into account as shown 
in (P). 

In a special condition, the PF resembles a round-robin scheduler in that it 
distributes equal service time to all users, but it is superior in taking advantage 
of the time variation of wireless channel. The following example shows the time 
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occupancy rate between two users whose constant DRC are a and j3. The total 
average throughput, T, will be 

T{t) = at + P{1 - t) (3) 

where t is the time occupancy rate of user 1 and 0 < t < 1. In according to 
PF definition in |3, the time occupancy rate will be determined as followings. 
Assume that to is the occupancy rate when the proportional fairness is achieved. 
Then, for any ti such that 0 < ti < 1, the following condition must be satisfied: 

ati - atp P{1 - ti) - /3(1 - to) ^ ^ 
ato /3(1 - to) “ 

■ ti - to (1 - ti) - (1 - to) (4) 

to {I -to) 

(ti — to)(l — 2to) < 0. 

Therefore, to must be 0.5. This proves that the time occupancy rates for all 
users must be the same no matter what constant DRCs they have. Simple sim- 
ulation results also show that users share channel resources with almost same 
time portion by the PF scheduler when the DRC of each user has the same 
independent probability density but with its own mean value determined by the 
average received power. For example, several users have DRC of independent 
Rayleigh probability density function (pdf) and their received average powers 
are different, then they share the channel resource with equal time but their 
throughputs are different according to the average received powers. Therefore, 
in an AMC/TDM system, the PF leads almost equal service time distribution 
among users jO]. The characteristics of the algorithm in is numerically de- 
rived in [71 including the case of the channel conditions being different from each 
user. 



2.2 The EXP Rule Algorithm 

The EXP rule algorithm P] is to support real real-time services in an AMC/TDM 
system. The Modified Largest Weight Delay First (M-LWDF) algorithm was pro- 
posed before the EXP rule algorithm. These two algorithms achieve the through- 
put optimum. A scheduling algorithm is called throughput optimal if it keeps 
all the users’ queues stable if the system can be stable with any algorithm |3j. 
Therefore, the throughput optimum does not necessarily mean the maximization 
of throughput. Even though both algorithms achieve the throughput optimum, 
the service delay performance of the EXP rule is better than M-LWDF |2j . The 
following algorithm describes the EXP rule jSj. 



where 



Qxp[n] = argmax 

i 




/ aiCi[n] - aC ^ 

V \ + y/W ) 



miCi J ’ 



aC = 



1 

N 



N 

y^gjCi[n]. 



2=1 



( 5 ) 



(6) 
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Qxp denotes the selected user by the EXP rule. Ci[n] is either the number of 
packets or the delay of head-of-line (HOL) packet in the ith user’s buffer at the 
nth slot, and DRCi is the average transmission rate of the zth user. The constant 
Ui is assumed to be one in this paper. When dD, 0, and ® are compared, 
it can be easily noted that the PF algorithm gives higher priority to a user with 
better channel condition but the EXP rule algorithm gives higher priority to a 
user with more transmission delay or packets in its buffer besides the channel 
condition. However, the direct comparison of the two algorithms is difficult since 
the targets of the algorithms are different as previously mentioned. 



2.3 The Virtual Token Queue Algorithm 



In a highly loaded system, a non-real time service user can have a very high 
traffic rate leading to a very high delay, which give it a high priority according 
to 0 in an AMC/TDM system. In the VTQ, vitual token is introduced to solve 
such a problem 0. The arriving rate of a virtual token determines the minimum 
throughput of that user. In 0 , Ci[n] is substituted by Vi[n], where 



Vdn] = 



Qi [u] 
n 



(7) 



and Qi [n] is the token queue length of the ith user at the nth slot [3| . Unlike the 
EXP rule, the event that unexpected high priority is given to a non-real time ser- 
vice user can be avoided since the token queues are buffered at a predetermined 
constant rate of r,. 

In the next section, we propose an efficient scheduling algorithm for real/non- 
real time services in an AMC/TDM system. 



3 The EXP/PF Algorithm 

In a wireline system, the system capacity is constant, so that each user’s through- 
put is directly related to the number of allocated slots for transmission. Hence, it 
is easy to reserve system resource for real time service users in a wireline system. 
However, in an AMC/TDM system, the system capacity is time- varying and de- 
pends on the service times of users, so that it is hard to find optimum priority 
rule for real and non-real time services. An AMC/TDM system can not reserve 
service slots enough to satisfy QoS of real time service since the transmission 
rates per slot changes with respect to time. 

The EXP rule algorithm can support both real time and non-real time service 
users in an AMC/TDM system, but the throughput of a non-real time user is not 
maximized. Hence, in this paper, the EXP/PF algorithm is proposed to carry 
out the PF algorithm for optimizing the throughput of non-real time service 
users and the EXP rule for real time service users. The EXP/PF algorithm is 
described by (0 and 0. 



Qxf[n] = arg max Ui [u] 



(8) 
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Table 1. The Transmission Rates in an AMC/TDM System 



PRC (kbps) I SNR [dB] 



38.4 -12.5 

76.8 -9.5 

153.6 -6.5 

307.2 -4.0 

614.4 -1.0 

921.6 1.3 

1228.8 3.0 

1843.2 7.2 

2457.7 9.5 





aiCi [n] — aC 
(iC 




i € B 



(9) 



The service user at the nth slot can be chosen by Qxfin] in the EXP/PF al- 
gorithm, where Wi is the factor controlling resources between real time service 
users and non-real time service users. As shown in o, each user in the real time 
service group, A, is scheduled by EXP rule whereas each user in a non-real time 
service group, B, is scheduled by the PE algorithm. The PE algorithm in (0 
is modified from the original PE algorithm in (PJ. In the following section, the 
performance of the EXP/PF algorithm is shown and compared with that of the 
VTQ algorithm with the EXP algorithm to verify the efficiency of the proposed 
EXP/PF algorithm. 

4 Simulation Results 

4.1 Simulation Environment 

The following system in TableOlis considered for an AMC/TDM system in which 
there are nine classes of transmission rates (DRC) according to their channel 
state. 

Fourteen users are considered and the average transmission rate of each user 
is given in Table El where the SNR of the ith user at the nth slot is assumed as 



where p is a Rayleigh random variable with unit power and the maximum 
Doppler frequency of 16.67Hz. 

The arriving process of a packet is modelled with Bernoulli process. Each 
packet has 1024 bits. The arrival packet rate is 30 kbps for a real time services 
and 300 kbps for a non-real time service. 



SNR,[n] = SNR,{p,[n]f 



( 10 ) 
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Table 2. The Average Transmission Rates of 14 Users 



User 


DEC (kbps) 


User 


DEC (kbps) 


1 


239.2 


8 


144.8 


2 


238.4 


9 


139.6 


3 


238.4 


10 


132.4 


4 


231.0 


11 


114.9 


5 


217.0 


12 


92.9 


6 


205.2 


13 


90.4 


7 


165.6 


14 


82.8 



In the following subsection, the performance is measured by the outage prob- 
ability of transmission delay in case of real time service user. The outage prob- 
ability of transmission delay is defined as 

Pr(t > r). (11) 

(HU means the probability that the measured transmission delay t exceeds t. 
For a non-real time user, the performance is measured by throughput. 

4.2 The Effect of w in the EXP/PF 

In this subsection, the characteristics of the EXP/PF is presented according to 
the variation of the resource controlling factor tc in (|20 . 

User 1 is assumed to be a non-real time service user and other thirteen real 
time service users requires 30 kbps with certain delay constraint. The perfor- 
mances are given in Fig. Q for the w’s of 10, 100, and 200. The delay perfor- 
mances of real time service users are drawn for the best (solid lines) and the 
worst (dashed lines) performance cases. 

Fig. E shows that the delay performances of real time users are controlled 
by the resource controlling factor w. As w increases, the non-real time service 
user gets more channel resource, so that the throughput of the non-real time 
user increases. At the same time, the performance of the real time service users 
decrease as w increases. Hence, there is a trade-off between the throughput of 
the real time user and the delay performance of real time users. 

4.3 The Performance Comparison of the VTQ and the EXP/PF 

The performance of the VTQ and the EXP/PF is compared when user 1 receives 
a non-real time service and other thirteen users require real time services at the 
traffic rate of 30 kbps. 

Just as w controls the resources between real time and non-real time service 
users in EXP/PF algorithm, the virtual token queue rate does the same in the 
VTQ algorithm. In Fig. Q the arrival rate of virtual token of a non-real time 
service user is 60 kbps and that of a real time service user is 30 kbps. The w of 
the EXP/PF algorithm is set to 100 for comparing their performances. 
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T (sec) 



Fig. 1. The effect of w on the performance of the EXP/PF. (T: The throughput of the 
non-real time user.) 




Fig. 2. The performance comparison of the VTQ and the EXP/PF algorithms. The 
virtual token rate of a non-real time user is 60kbps and that of a real time user is 
30kbps in the VTQ. w is 100 in the EXP/PF algorithm. (T: The throughput of the 
non-real time user.) 



Fig. □ shows that the worst delay performance of real time users (dashed 
lines) with the EXP/PF algorithm is better than that with the VTQ algorithm 
as the outage probability of transmission delay decreases. We also tried the 
virtual token rate of 30 kbps for a non-real time service user, but it results in 
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lower throughput than that of 60 kbps. In Fig.|3 the throughput of the non-real 
time user with the EXP/PF is 57.5 % higher than that with the VTQ algorithm. 
Since each real time users results in 30 kbps, the total system throughput of the 
EXP/PF algorithm is 8 % higher than that of the system with VTQ algorithm. 

5 Conclusion 

In this paper, a novel scheduling algorithm is proposed to control real/non-real 
time services efficiently in an AMC/TDM system. The proposed EXP/PF algo- 
rithm controls the channel resource among real time and non-real time service 
users easier than the conventional schemes. The EXP/PF algorithm showed bet- 
ter performance compared with the conventional VTQ algorithm. As results, at 
the same delay performance of real time users, the EXP/PF gives 58.7 % higher 
throughput of a non-real time service user, and this means 8 % higher system 
throughput. Even though the performances are measured in a system in Table 
[0 the EXP/PF algorithm is readily extended to any other AMC/TDM system. 
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